Predi cti on-based FM Stereo Radi o Noi se Reduction Technical Field 5The
present docunent relates to audio signal processing, in particular to an
appar at usweandiz4s@ir espondi ng nmet hod for inproving the aotipr262@eesk3 of an
FM stereo radio receiver. In particular, the present docunent relates to a
met hod and system for reducing the noise of a received FMstereo radio
signal. 10 Background In an anal og FM (frequency nodul ation) stereo radio
system the |left channel (L) and right channel (R) of the audio signal are
conveyed in a md-side (MS) representation, i.e. as md channel (M and
side channel (S). The 15m d channel M corresponds to a sumsignal of L and
R e.g. M= (L+R)/ 2, and the side channel S corresponds to a difference
signal of L and R e.g. S = (L-R / 2. For transm ssion, the side channel S
is nodul ated onto a 38 kHz suppressed carrier and added to the baseband m d
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Background

In an analog FM (frequency modulation) stereo radio system, the left

channel (L) and right channel (R) of the audio signal are conveyed in a mid-
side (M/S) representation, i.e. as mid channel (M) and side channel (S). The

15 mid channel M corresponds to a sum signal of Land R, e.g. M = (L+R) / 2, and
the side channel S corresponds to a difference signal of L and R, e.g. S = (L-R)
/ 2. For transmission, the side channel S is modulated onto a 38 kHz
suppressed carrier and added to the baseband mid signal M to form a
backwards-compatible stereo multiplex signal. This multiplex baseband signal

20 is then used to modulate the HF (high frequency) carrier of the FM transmitter,

typically operating in the range between 87.5 to 108 MHz.

When reception quality decreases (i.e. the signal-to-noise ratio over the
radio channel decreases), the S channel typically suffers more during
transmission than the M channel. In many FM receiver implementations, the S

25  channel is muted when the reception conditions gets too noisy. This means
that the receiver falls back from stereo to mono in case of a poor HF radio

signal (typically referred to as a mono dropout).



5poor to internediate quality, there are two options: either the receiver
chooses accepting the noise associated with the side signal S and outputs a
real sterwo8igasdoiconprising a noisy left and right si @oaUEP2@R/0693e3
receiver drops the side signal S and falls back to nono. Paranetric Stereo
(PS) coding is a technique fromthe field of very low 10 bitrate audio
coding. PS allows encoding a 2-channel -$2ereo audi o signal as a nono
downm x signal in conmbination with additional PS side information, i.e. the
PS paraneters. The nono downm x signal is obtained as a conbination of both
channel s of the Egeeirecassithaanid sithal MSs phpeceptals qualill thetsite $halecoder to
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carried out in a hybrid filterbank domain incorporating a plurality of
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of a receive stereo sig n order to reduce the nolise conprise
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Paranmetric Stereo S) based FM st er radi.0 noi se reduction techpology is
Lo tae par anSHVES sEnales mans A s aeetd Bt TBiatrands ten GoatEREE or o
signal, in o@RssiffalseshicRig BecH@ mensonprised in the 25received left and
right signals. The disclosure of the above nentioned patent docunents is

i ncor porated by ﬁa%rﬁé@i@%ﬁere@%ﬁ@%%in%s%&%@%i&ﬂ@%wpﬂh'é flefd 8ved) foQr nati ve
approach to the Paranetric Stereo ( based franework indicated above. As
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radi o noi se reduction schenme. According tQ an aspect an apparatus or system
confi gured t ®OHEeRRIels of the stereo signal. The PS parameters enable the PS decoder

to reconstruct a stereo signal from the mono downmix signal and the PS side

15 information. Typically, the PS parameters are time- and frequency-variant, and
the PS processing in the PS decoder is typically carried out in a hybrid
filterbank domain incorporating a plurality of Quadrature Mirror Filter (QMF)

banks.

It has been proposed in W02011,/029570, PCT/EP2011,/064077 and
20 PCT/EP2011/064084 to use PS encoding of a received FM stereo signal in
order to reduce the noise comprised within the received FM stereo signal. The
general principle of the Parametric Stereo (PS) based FM stereo radio noise
reduction technology is to use parametric stereo parameters derived from the
received FM stereo signal, in order to reduce the noise comprised in the
25  received left and right signals. The disclosure of the above mentioned patent

documents is incorporated by reference.

Summary

In the present document, a method and system for FM stereo radio noise

30  reduction using a prediction-based framework is described. This prediction-



noi se of a received multi-channel FMradio signal is described. The nulti-
10channel FMradio signal may be a two channel stereo signal. In

parti cul awQ 20t346@¢ei ved nul ti-channel FMradi o signhal may/Hreozepsesent abl e
as or presentable as or indicative of a md signal and a side signal.
Furthernore, the side signal may be indicative of a difference between a

| eft signal and a right signal of a sterdo signal. 15In an enbodi ment, the
apparatus conprises a paranmeter determ nation unit configured to determ ne
one or nore paraneters indicative of a correlation and/or decorrel ation

bet ween t he hased frathemiodk isi aynalteraaldvet dproaahetiovbe Perateetsic gterdeo (FHle one or
nor e paraneters be rediction paraneter a used o determne a
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signal using't one or nore paraneters. IS purpose, the noise
reducti on uniimpdoed andto qulity ¢amparad toamS-based Fdt stievedragliadeoisé gnal , e. g.
the sanples of ,the received side signal. In other words, the received side
signal is notrqutlpﬁgc§§rBﬁal path for the determ nation of the noi se-reduced
side signal. In particular, the noise reduction unit may be configured to
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particul arly, ishh&sRARERkE oIS M nation unit may be configured to
det erm ne thengpregﬁction pgroaﬁéeter a using the formula a = EfS*M/E MM,
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unit configured to determine one or more parameters indicative of a
correlation and/or decorrelation between the received mid signal and the
received side signal. The one or more parameters may be a prediction
parameter a used to determine a correlated component of a noise-reduced

20  side signal from the received mid signal and/or a decorrelation parameter b
used to determine a decorrelated component of the noise-reduced side signal
from a decorrelated version of the mid signal. Furthermore, the apparatus
comprises a noise reduction unit configured to generate the noise-reduced
side signal from the received mid signal using the one or more parameters.

25  For this purpose, the noise reduction unit does not take into account the
received side signal, e.g. the samples of the received side signal. In other
words, the received side signal is not in the signal path for the determination
of the noise-reduced side signal. In particular, the noise reduction unit may be
configured to determine the noise-reduced side signal only from the received

30 mid signal (e.g. the samples of the received mid signal) and the one or more

parameters.



In the case that the paranmeter determ nation unit provides a prediction
paraneter a, the noise reduction unit may be configured to generate the

noi se- r edwoedixi4s@1si gnal (or a correl ated conponent of PChEPa@2®e9322duced
side signal) fromthe received md signal using the prediction paraneter a.
15The correl ated conmponent of the noise-reduced side signal may be

determ ned as the product of the predictdon paraneter a and the received
md signal, i.e. a*M This neans that the correl ated conponent of the

noi se-reduced side signal may be a weighted version of the received md
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operator "sqgrt()" indicates the square root operation. In this
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decorr (M bemgam@t@rdemrrfoeéearteadcwl$r'nmmag)fbetd@aﬂgm@elwgéneﬂ’ecbmegnal The
decorrel ated version of the received md signal may be determ ned by
filtering t h&OlRSIBIYESY W%Slgn@'riara&@irﬁ@t%dncwpowggf‘th RQi$e-redcethe recei ved

side signal ekt dnthd Rédeh&ahioRBT sk RO bRRictioh diRimdpe. benefi ci al
to reduce the I npact ecorrel ated conponent of
15 The correlated component of the noise-reduced side signal may be
determined as the product of the prediction parameter a and the received mid
signal, i.e. a*M. This means that the correlated component of the noise-
reduced side signal may be a weighted version of the received mid signal. In
view of the fact that the prediction parameter @ may be time variant and/or
20  frequency variant, the weighting factor to the received mid signal may be time

variant and/or frequency variant.

The parameter determination unit may be configured to determine a

decorrelation parameter b indicative of a decorrelation between the received
mid signal and the received side signal. In particular, the parameter

25  determination unit may be configured to determine the decorrelation
parameter b based on the energy of a difference signal of the received side
signal and a signal determined from the mid signal using the prediction
parameter a. Even more particularly, the parameter determination unit may be
configured to determine the decorrelation parameter b using the formula b =

30 sqrt(E[D*D]/E[M*M]) with D=S-a*M being the difference signal. The operator

“sqrt()” indicates the square root operation.



noi se-reduced side signal on the noise-reduced side signal. For this

pur pose, the paraneter determ nation unit may be configured to determ ne an
i npact f awoanidohssact eri stic of (or indicative of) the epempre@ak/obiat ness of
the received side signal. A high spectral flatness typically indicates a
hi gh degree of noise 15conprised within the side signal. As such, the
decorrel ation paraneter b may be dependént on the inpact factor. In
particul ar, the decorrelation paraneter b nay decrease as the inpact factor
i ndi cates an increasing degree of spectral flatness of the received side
signal . By way of thixaass, &)e ndige raduation taitteay hescartigusidRoigepatsate thect or
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b may decrease as the impact factor indicates an increasing degree of

spectral flatness of the received side signal. By way of example, the impact

factor is the SMF_impact_factor described in the present document and a

20  modified decorrelation parameter b_new is determined as b_new = (1 -
SMF_impact_factor) * b, thereby forcing the decorrelation component of the
noise-reduced side signal (i.e. b_new*decorr(M)) to zero, if the SMF-

impact_factor tends towards “1”.

As indicated above, the parameter determination unit may be configured
25 to determine the one or more parameters (e.g. the prediction parameter a
and/or the decorrelation parameter b) in a time variant manner. As such, for
each of the one or more parameters, a sequence of the respective parameter
for a corresponding sequence of time intervals may be determined. By way of
example, for a first parameter (e.g. the prediction parameter a or the
30  decorrelation parameter b) a sequence of first parameters for the sequence of

time intervals is determined. The sequence of time intervals may be a



In case of highly deteriorated reception conditions, FMreceivers may force

received FMradio signals to nono, i.e. the FMreceivers nmay suppress the
recei ved woaelxi4geval . The apparatus may be configured t@cCidrea/osweh 15nono
dropout, i.e. the apparatus may be configured to detect that the received

mul ti-channel FMradio signal is a forced nono signal. This may be achieved
by detecting a fast transition of the rdreived side signal from high energy
to low energy. In particular, an energy of the received side signal within
a first tine interval of the sequence of tine intervals nay be determ ned,
and 20it may saeuemeerfrﬁm@ufrahi@'s(¢d1msri5ém$egy2®é8algoalesaanrbieg)hwmnaélyh@l d.
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paraneters determned prior to the nono dropout. As described above, the
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parameters ( / rr ion
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si de signal. Fo Pﬂ%%Oﬂu b Ete”PF?ée%b%C&P VR ES)O’&% fe§8"’8r5rﬁ”8 transform
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corresponding plurality of frequency ranges fromthe received md signal.
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15 mono dropout, i.e. the apparatus may be configured to detect that the
received multi-channel FM radio signal is a forced mono signal. This may be
achieved by detecting a fast transition of the received side signal from high
energy to low energy. In particular, an energy of the received side signal within
a first time interval of the sequence of time intervals may be determined, and

20 it may be determined that this energy is above a high threshold. Furthermore,
a transition period of a number of following successive time intervals during
which the energy of the side signal drops from a value above the high
threshold to a value below a low threshold may be determined. Based on this
information, it may be determined that the received multi-channel FM radio

25  signal following the first time interval is a forced mono signal if the number of
successive time intervals of the transition period is below an interval
threshold. This interval threshold may be 1, 2, 3 or 4 time intervals following

the first time interval.

If it is detected that the received multi-channel FM radio signal in the time

30 interval (directly) following the first time interval is a forced mono signal, the



15transformunit configured to generate a plurality of side subband signals
covering the corresponding plurality of frequency ranges fromthe received
si de si gmaD.2013m4sa9¢h cases, the paraneter determn nati onPUmiEP20MRP6I3R3
configured to determ ne the one or nore paraneters for each of the
plurality of frequency ranges. In particular, for a second of the one or
more paranmeters 20(e.g. the prediction-paraneter a and/or the decorrelation
paranmeter b), a plurality of second subband paranmeters nmay be determ ned
fromthe corresponding plurality of md subband signals and the
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WO 2013/ 045691PCT/ EP2012/ 069323 8 Using an inverse transformunit, the
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noi se-reduced si de subband si gna md transformunit and/or the
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10The recei vednmighse athid t&d rphain omiy chreigdesd tadem@rdiy acploailigyofmeidei ved si de
signal which has a higher energy |level than the received md signal. Such
situati ons meyPPHSIERABSPYRMEARFINESRARBYEMPrality iof HepdeRpyeANERSE ™t i ng t he
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nore paraneters. In order to cope wth such situations, the paraneter
15 transform unit configured to generate a plurality of side subband signals
covering the corresponding plurality of frequency ranges from the received
side signal. In such cases, the parameter determination unit may be
configured to determine the one or more parameters for each of the plurality
of frequency ranges. In particular, for a second of the one or more parameters
20 (e.g. the prediction parameter a and/or the decorrelation parameter b), a
plurality of second subband parameters may be determined from the
corresponding plurality of mid subband signals and the corresponding plurality
of side subband signals. This may be done by applying the above mentioned
formulas for determining the one or more parameters (e.g. the prediction
25  parameter a or the decorrelation parameter b) to each of the plurality of

frequency ranges.

The noise reduction unit may be configured to generate the noise-reduced
side signal using the one or more frequency variant parameters. In particular,
the noise reduction unit may be configured to generate a plurality of noise-

30 reduced side subband signals (only) from the corresponding plurality of mid

subband signals and the corresponding plurality of subband parameters.



15determ nation unit may be configured to limt the one or nore paraneters
by applying to the one or nore paraneters a limtation factor c. In

parti cul awQ 201394669 or nore paranmeters may be di vi ded byCThEP20120643at i on
factor c¢c. In an enbodinent, for & 1, the limtation factor c is
proportional to the sumof the one or nore squared paraneters. |In another
enbodi nent, for C 1, the 20linmitation-f&ctor ¢ is proportional to the
square root of the sum of the one or nore squared paraneters. Typically,
the limtation factor ¢ is selected such that the application of the
limtation fasingrarcinderss traosfdrmcurdtatiee npise-tatiiiced sidersigpinaydieers. |1t shoul d
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use the received side signal for 30generating a stereo signal. For this

pur pose, Phe vigypafrtaedactiagt bernpesivrs mid ggealibindhagidnai patddand fifred to
determ ne a - ' - [ ' r ol se-reduced
Sterco si gnal P Aes PEngl S BE BTe Sere p e SO0 Do B R o

i ndi cati ve ofmédigowerakitiyeraéntshiean theemicedamafibinn uaib amthebgdriit tadi least gnal .
Depending on the quality of the received si g{e_ si_ﬁnal t he nodified

5noi se- r educ @8 JEREGRRPe!RelY e TeAUSHGE EPEtRBe AMESPSAWIUL @BE 1 rom or

i nter pol at ed patREMcduhsynoi se-reduced side signal and the received side
signal. For this purpose the conmbining unit may conprise a noi se-reduced

ain unit,,confi - i i LS Q=T i i CHSENG a
goi se-r ecmced ggﬁ%?gcaélﬁéf;ﬁ\gg&yglgits%%gﬂﬁltﬁ?gr@ﬁgﬁ@ggw%enm%%g%?&yﬁ%g@gcei ved
si de signal 5@Ensiwpich hagpdigheyainergydadk| aharethgi regeived tnid sighalgbved t o nmer ge

(e.g. add) th i ght ed nqi.se-reduced side signal and the weighted received
i de s gnal ; TR PRS2 IR D8I FEHATSARRAITRE aRirT A6 pateiapiar e
dependent on nbke-radaédd sidé BidhsEkHh thé Fec%h@@!rﬁid@?myﬁﬁgftﬂi@bné Bemerdbi ni ng
unit may be configured to determ ne the nodified noise-reduced side signal
in a frequen®prapeiess.iliyerder to cope with such situations, the parameter
15 determination unit may be configured to limit the one or more parameters by
applying to the one or more parameters a limitation factor c¢. In particular, the
one or more parameters may be divided by the limitation factor c. In an
embodiment, for ¢ > 1, the limitation factor ¢ is proportional to the sum of the
one or more squared parameters. In another embodiment, for ¢ > 1, the
20 limitation factor c is proportional to the square root of the sum of the one or
more squared parameters. Typically, the limitation factor ¢ is selected such
that the application of the limitation factor ¢ does not increase the one or

more parameters.

It should be noted that the apparatus may comprise a delay unit
25  configured to delay (a sample of) the received mid signal by an amount of time
corresponding to computation time required to generate (a corresponding

sample of) the noise-reduced side signal.

In good reception conditions when the received side signhal comprises
little to no noise, it may be beneficial to use the received side signal for

30  generating a stereo signal. For this purpose, the apparatus may comprise a



15manner. The apparatus may conprise a quality determ nation unit
configured to determne the quality indicator which indicates the quality
of the rewei2zosd4sidde signal. This nay be done by det er mpPoirmep2@2peses of the
received md signal, referred to as md power, and a power of the received
side signal, referred to 20as side power. Aratio of the md power and the
side power, i.e. a md-to-side ratio nmay be determ ned and the quality

i ndi cator of the received FMradi o signhal nay be determ ned based on at

| east the md-to-side ratio. The present docunent describes various

embodi ment s fcombifeng pnit nbmitgused tadéteyminedi madified ale@ewhileted sidé sighels t he
quality of t celved sj de 8l naI inar IiabLe The
apparatus. my LI SCERFFe SR R A SRR R ETIE SRR Psinge ¢ o

det er m ned aqmjen@encme@tuw@uda@mé oftr@nglalignst the m@iemdrrﬁdluqmdnhelgm si gnal
fromthe received md signal and the noise-reduced side signal (or the

nodi fi ed noi §@d'Pé&”@é@e@ﬁﬂﬁ'ngloﬁﬁQPﬂua\'tﬁ ohHie fiecaivad sidersienas 90m9¢!f'§6nverter
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of the - 10 -O%lréergg%edg&é slég%gng nggé%ﬁgb%rm 1 fi elé?%tglasgﬁ?te)auced si de
si gnal ; and titterputated-betwheare the ngibe-redugadisidersignal bed dié feseyrdsidsf t he

ived md sj dth dified d d d . A di
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FM radi o si gialn irfit 685@0IER. welifit: the #eiskeddmdddids signaelsifd\a heideo si gnal
may be presentable as a received md signal and a received side signal. The

met hod rmay ccﬁﬁ%qeg@adbtaeW@ﬁ?ﬁ’ gn o copfigyed tpaeight the cpivard sileisignadt a

correl atl n L nERR and t he
recei ved gl dgjlgy %ﬂ)%%g%éﬁggﬁaergg?&gg a no(%ogﬁ ?egﬁé\éﬁﬁg%glw%a fromthe
received md V\mlgﬂedi naisd-rexhicedrsida $|gealraadethewdalgttehares:egfadI5|Mgneﬁ; ng the one
or nore para er.s Acc in 0 rt her aspect, a re program
'S escr | bed WHFFEN 36 polsP ESGH BN T N5V RESHETA A oHeRsRt PENon' &
processor andyubity iR@ESBF. M SHbuldBe ABtAAHastherRSnMMihl DRR nhdy B& B RRNt
docunent when carried 15out on a conputing device.

to determine the modified noise-reduced side signal in a frequency selective

15 manner.

The apparatus may comprise a quality determination unit configured to
determine the quality indicator which indicates the quality of the received side
signal. This may be done by determining a power of the received mid signal,
referred to as mid power, and a power of the received side signal, referred to

20  as side power. A ratio of the mid power and the side power, i.e. a mid-to-side
ratio may be determined and the quality indicator of the received FM radio
signal may be determined based on at least the mid-to-side ratio. The present

document describes various embodiments for determining a quality indicator
a o Which indicates the quality of the received side signal in a reliable

25 manner.

The apparatus may further comprise an MS-to-LR converter configured to
determined a noise-reduced left signal and a noise-reduced right signal from
the received mid signal and the noise-reduced side signal (or the modified
noise-reduced side signal). In particular, the MS-to-LR converter may be

30  configured to determine the noise-reduced left signal from the sum of the



Accordi ng to another aspect, a storage nediumis described. The storage
medi um may conprise a software program adapted for execution on a processor
and for peoforimsngit he net hod steps outlined in the prefemEPd@COBA: When
carried out on a conputing device. 20According to a further aspect, a
conput er program product is described. The conputer program nmay conprise
execut abl e instructions for perform ng-18e nethod steps outlined in the
present docunent when executed on a conputer. It should be noted that the
met hods and systens including their preferred 25enbodi ments as outlined in
t he present psatteé\rﬁtd ramwigrwtaindﬁhﬁﬁyodﬂﬁedu)srwsest@jnde@sun@igmaI'iamldctbﬁbi nation

with the other. ods a osed in,this do Eur,t her nor e,
31 aspect s SPeEREdHeTHARY SRR B0 BRaMITRR Ldn RN EdRre bt
application nmy(raedified) idigy-iddycedsideneshal.l n particul ar, the features of the
clainms may be conbi ned with one another in an 30arbi trary manner .

Description of [Reaydigso anoierQ asp¥&nd Mhécﬁf(ﬁ)ﬁ@(ﬂlﬁjlﬁgal%@@bpavré&él\)é@y of
illustrative exarrgl es with reference to the acconpanyi ng draw nﬁ/h wherein
g

5Fi g. 1 iPlustylbwceanaelSéheadia signabiaapsaiordr The W@W@WW chamad t he
Stereo out pmra&’[) s@aﬁyaztggé)?% ?%8 aggncrglﬁé{lt (%]demg%%lgggl a|n|dI y?éceﬁ%ﬁ%oaen exanpl e

of an audi o proce paranetric stereo;
Fig. 3 il ustsigntaéThametkedpiay amfnmrseaiecérmirmihgoes@'r n@rappmmétess based on the
10concept of . redl ction; e,lag 4 sho exa an |[Power spectra for the md and

si de signal ddigatsiad@ qerieationAngseederosie etweed fie rigoeive¢i8tid at es an

exanpl e flowgthal hn@ihetretBl 8@ 4idbQignaN @ nardnerstings ﬁHlsé %%bé‘@gldEM radi o
signals using a quality indicator of the received FMradio
10 signal from the received mid signal and not from the received side signal and

using the one or more parameters.

According to a further aspect, a software program is described. The
software program may be adapted for execution on a processor and for
performing the method steps outlined in the present document when carried

15 outon acomputing device.

According to another aspect, a storage medium is described. The storage
medium may comprise a software program adapted for execution on a
processor and for performing the method steps outlined in the present

document when carried out on a computing device.

20 According to a further aspect, a computer program product is described.
The computer program may comprise executable instructions for performing
the method steps outlined in the present document when executed on a

computer.

It should be noted that the methods and systems including their preferred
25 embodiments as outlined in the present patent application may be used
stand-alone or in combination with the other methods and systems disclosed
in this document. Furthermore, all aspects of the methods and systems
outlined in the present patent application may be arbitrarily combined. In
particular, the features of the claims may be combined with one another in an

30 arbitrary manner.



15signal s; and Fig. 6 shows an exanple state machine used for the

conceal nent of the prediction and decorrel ation paraneters. Detail ed

Descri pt iwo 280466911 shows a schenmatic exanpl e syst em f @CTIEPRI106I3Q3 t he
stereo output of an FM stereo radio receiver 1. As discussed in the
background section of this docunent, in FMradio the stereo signal is
transmtted by design as a md signal Mand side signal S. In the FM
receiver 1, the side signal is used to create the stereo difference between
the left signal L and the right signal R at 25the output of the FMreceiver
1 (at | east when reception is good enough and the side signal information
is not nuted). In other words, the side signal is used to create the left
and right audlescaptipmedfDrawingst he m d signal. The left and right signals L,
R may be digital or analog signals. - 12 - For inproving the left and
ri ght audi o si grmaksnientith @& exphenédvbélewedywedy, of difustiative exaroples siithg appar at us
2 may be used which generates a stereo audio signal L' and R at its

out put. The éﬁfﬁf%‘cﬁrtgéié%@?W%ﬁﬁ\gﬂrﬁ\é"n@sﬁﬁrﬂﬁrﬁ@ enabl ed to perform noi se
reduction of a received FMradi o signal using 5paranetric stereo.

Al t er nat i Vel Vg tlhe ilBsHREESH esqtisexapipi o asysiemipr iep@yHg tha stse@er f or m
noi se reduct io‘&EbLRfofgarFﬁﬁgﬂeg@djraﬁM Fe@gf\/Qr;Si gnal using a prediction-based

parameteri zati on as described 1n the present docunent. The audi o processing

in the appar at 2.4 ferahl I ' e | o thus, in
case of an aﬁlrui '%g i”lnuzggfgﬁe%ca@ %%tﬁ%gg{aﬁg[@%é@%éeslg&grddp%ak%s g%%gac{ %ethaeudi o]
processi ng appataitws pranagtriasireg-t o-di gital converter is used before

digital audio processing in the apparatus 2. The FMreceiver 1 and the

audi 0 proces¥idI@ app@tratdssarle bl ef hbagioalresksamgtdpparri® basst eonduct or
chip or may be part of two sem conductor chips. The FMreceiver 1 and the

audi o pr deesSPAeLAPHRFEIGON? can be part of a wirel ess communication device
15such as a cellular telephone, a personal digital assistant (PDA) or a
smart phone. Fig 4t hisBowasxampledomgr seedrater the midamdsigasignet ot heoiBaseband
chi p havi ng }t ﬁl\él %gi o receiver functionality. In another

. . a ech.signaf, . .
application, the receiver 'l and the audi o processing apparatus 2 can be
part of a Ve}%‘igc.lﬁllustratesan example flow chart of a method for the processing of
received FM radio signals using a quality indicator of the received FM radio

15 signals; and

Fig. 6 shows an example state machine used for the concealment of the

prediction and decorrelation parameters.

Detailed Description

20 Fig. 1 shows a schematic example system for improving the stereo output
of an FM stereo radio receiver 1. As discussed in the background section of
this document, in FM radio the stereo signal is transmitted by design as a mid
signal M and side signal S. In the FM receiver 1, the side signal is used to
create the stereo difference between the left signal L and the right signal R at

25  the output of the FM receiver 1 (at least when reception is good enough and
the side signal information is not muted). In other words, the side signal is
used to create the left and right audio signals from the mid signal. The left and

right signals L, R may be digital or analog signals.



audi o systemin order to conpensate for varying reception conditions of a
20nmovi ng vehicl e. Instead of using a left/right representation at the
out put ofwoOnhe13RNseecei ver 1 and the input of the apparaPa3/EP2012/0683d3 si de
representation may be used at the interface between the FMreceiver |and
the apparatus 2 (see M Sin Fig. 1 for the md/side representation and L,
R for the left/right 25representation):18uch a mid/side representation at
the interface between the FMreceiver 1 and the apparatus 2 may result in a
reduced processing load since the FMreceiver 1 already receives a md/side
si gnal and the d&adinproving ks lefigarehiightaudin sigmay Ldr peidhel RM peesivessarnt he

m d/ si de si gnal i vm'rt hosut omr}g Xi r&graor Wt h@uiﬂclh/ég-t%tl\/l S geonver iioon. The

mi d/ si de reprBeEHt LTS B2 ZNP4RE 45N TEDREERF SR 98701 i s
tightly integigbed and R dthe causlitoTHY 9R6 pravgsappappénasus?2 may dearticul ar i f
the FMreceiver 1 and the audio WD 2013/045691PCT/ EP2012/ 069323 - 13 -
processi ng afpaksdie perfarm npisedgeustion @ reraiveadil radipsnal ¥sigg t he sane

sem condugt or,eth Brric stere PARRRIeYy, 117k SRSl Bretleasia aéﬁ%%ﬂ%tf'n% gal 6
ﬁ) y e tyl ng t

indicating the radio reception condition nmay be u or adap he audi o
processi ng i mnbhieddagedobpmnosessdugioapfarrateise@rM radiodignat oripgrmat i on of t he

FM radi o receiver..|and the audj o._processing. apparatus 2 corresppnds to an
FM radi o rec@ISURIGERAYRY BaEMAIUEPUYEaS ABTLOR Bt Esey RoUmENE o 2 shows
an enbodi nent of_ the audi o processi ng apparat us whi ch .is 10based on the
concept of - par afBE AL OB NETR NS ARRe AEIRS? 5 RIB{RR 0K BE T8RS BaPSiet or

estimation unjditaBaorhBfh; BRI RERE FShidMidgRteHcE pdtwderCRBI AN Rfet @
determ ne PS paraneters 5 based on the input audio signal to be inproved

(whi ch ndy benditbéepdiorproedssingiapmaraivs @i aif shalegtegicdsbeanyeitenp.ustthe PS
parameters 5 JiRy.e | fiilarg5aio PIORLEH e B Sopafatd@ 2 HRE Bl 1e28LEAL BRYG thdt ©F -

audio processing apparatus 2 may be integrated on the same semiconductor

chip or may be part of two semiconductor chips. The FM receiver 1 and the

audio processing apparatus 2 can be part of a wireless communication device

15 such as a cellular telephone, a personal digital assistant (PDA) or a smart

phone. In this case, the FM receiver 1 may be part of the baseband chip

having additional FM radio receiver functionality. In another application, the

FM receiver 1 and the audio processing apparatus 2 can be part of a vehicle

audio system in order to compensate for varying reception conditions of a

20 moving vehicle.

Instead of using a left/right representation at the output of the FM

receiver 1 and the input of the apparatus 2, a mid/side representation may be
used at the interface between the FM receiver 1 and the apparatus 2 (see M,
S in Fig. 1 for the mid/side representation and L, R for the left/right

25  representation). Such a mid/side representation at the interface between the
FM receiver 1 and the apparatus 2 may result in a reduced processing load
since the FM receiver 1 already receives a mid/side signal and the audio
processing apparatus 2 may directly process the mid/side signal without
downmixing or without L/R-to-M/S conversion. The mid/side representation

30 may be advantageous if the FM receiver 1 is tightly integrated with the audio

processing apparatus 2, in particular if the FM receiver 1 and the audio



15channel intensity differences (11D or also called CLD - channel |evel

di fferences) and/or a paraneter indicating an inter-channel

cr oss- corwel2atmmoil CC). Preferably, the PS paraneters PCamP2a1206932nnd
frequency-variant. In case of an M S representation at the input of the
paranmeter estimation unit 3, the paraneter estimation unit 3 may

nevert hel ess determine PS paranmeters 5-28which relate to the L/R channel s,

by applying the appropriate conversion of the L/R channels. A downm x
audio signal DMis obtained fromthe input signal. In case the input audio
signal uses @recesdinsapphites dare epedratact art ihersamenee\desmers. iheasalne si gnal DM

may di rectlyscorroespl)]ondcbp the md signal. In case the input audio 25
signal has a FEYEY |8Wtr @present ati on the audio signal may be generated
by downm xi ng t e audi o si

i i f bly,
DL e ine  Rnaehe e enghnte e S AL G B g e B0 eetenlins) i an
may be gener bty rﬁé}%é@gém Q@aﬁﬁ%&hé@ﬂdm%cesfsh@ thélau@od. Wth d = 2,

- 14 - i.e. the downnmix signal DM corresponds to the average of the L and R
signal s. For niegeseing@pretEtyes. of the scaling factor d, the average of the L
and R signals is anplified or attenuated. The downm x generation unit 9 and
the paraneter edhegambonationiof U BMeagiereceierdl P31 Brecautbe prcesdhg appar at us

further conprjses.an,upm x unj alled ster.eo_m.xi dul e or

ster oo upm xaPpods R SRMeAealits e Snd W Gar kel b R AT PR S o' si gna
L', R based redudtioa ssstdhn signal DM and the PS paraneters 5. Preferably,
the upm x unit 4 does not only use the DM signal but also uses the side

signal So (whi clFid yRineaklan &RbéEMRANESthEQUINEPREEHIRBA dpars®ee WEidh & de
signal 10S) or a pseudo side signal S* generated fromthe downnm x signal DM

using a décomegedpoithe conceRbotRATBMET@tireol J heapshralys Rieemesises 8dtinm x DM
and gener at e P EEPLESALGH ! 97Hle SaMhe/bmatRai® R BRAHIR0RRTe

signal. The decorrel ator be T an appropriate

filter as di setsagee PR paenhéters abaéed bletrth)mpmammé Isrgvvaumrn:d |e)ﬂrd>\xed3ar anetric
Stereo Coding in 15MPEG 4", Hei ko Purnhage it dio Effects
Wor kshop ( DAEYHICh gAY besethes dn le4 pelior W%'@'ﬁ{ep@mat“?& ﬁlﬁ lggussi on of

parametric stRr8fetekds PRtihEIUbAraMbAdt bBRRE dSpdramchs if@LAHD |H?ér1 on of
parametric stereo paraneters and in particular section 4, is hereby

i ncor por dfed cbynm@ﬁreteeﬁt}edlffmfe@cs$ 8ieer atsxtalpdrielt rﬁhanmmyev@é a 2x2 upm x

T X 9T oh GRS LS SAS S50l B0 o B ol A B gl DM and

(ICC). Preferably, the PS parameters 5 are time- and frequency-variant. In case
of an M/S representation at the input of the parameter estimation unit 3, the
parameter estimation unit 3 may nevertheless determine PS parameters 5

20  which relate to the L/R channels, by applying the appropriate conversion of
the L/R channels.

A downmix audio signal DM is obtained from the input signal. In case the
input audio signal uses already a mid/side representation, the downmix audio
signal DM may directly correspond to the mid signal. In case the input audio

25  signal has a left/right representation, the audio signal may be generated by
downmixing the audio signal in a downmix generation unit 9. Preferably, the
resulting signal DM after downmix corresponds to the mid signal M and may

be generated by the following equation:

DM = (L+R) /d, e.g. withd = 2,



10 are part of a PS decoder 8. The apparatus 2 is based on the idea that
the received side signal may be too noisy for reconstructing the stereo

si gnal bywsei2o/oss@onbi ni ng the received md and side si goalEP20meyses hel ess,
in this case the received side signal or the 25side signal's conmponent in
the received L/R signal may be still good enough for stereo paraneter
analysis in the PS paraneter estimationldnit 3. The resulting PS paraneters
5 can be then used for generating a stereo signal L', R having a reduced

| evel of noise in conparison to the audio signal directly at the output of
the FM recei v.er the. downniig signFhldl, cosreapd s ENhe adérags oyt L amth Riségnals.

"cl eaned- up in e n rarretrl ster cance h r art of the
o storti on atd AN RNESRERTEBE (R RLF e SPERRe o T PRLRSAR 1 annel
whi ch is typiicahbyfietér atsadiatey. The dBﬁnd@V\ngﬁéfatld\JeMmtQfaﬁ?lbﬁﬁépatdh%téECEI ved
side channel S is, even _in case of noisy 5Sreception, often of sufficient

quality for PStimatiaRenis ¥RMeEQfiaRS encoderd- t he dr awi ngs shown in the
present docunment, the input signal to the audio procesmgg apparatus 2 is a
left/right ster éfbes?llpgﬂ@{tus frthier APMBFISeRnRN PP UM alse calied SterrruMedngn t hi n

the audio pr S 2 can also
process an i %@‘ﬁ éBQst%Fé?)aurﬁrﬁ %/ EP%R’BW% gslge)lr’:\(?ﬁ%a %1%2} gtgéé t he
concepts di scstt&sedlginarlel R’ leaed o thsedd@ss@ejllDM Bnd tiees pammetetst.an i nput

signal in md/sjde representat.i The P d FM stereo noi se reduction
oL ohat |1 Uttty SR FE P Doparacteny Dsa M sineohs: ARePees 6 ol e

si gnal of thgjfeagel éf%? (WvER %lc%ll%gﬂéé d‘n‘ag"t@tr’fbsorrglr%]ly%cél\%c%ﬂ@@lg%? llevel s
of noise originatin romthe radi o 15transm ssion channel. However, the

PS- based IFM s¥) ef é@Sﬁ@(ﬂ@@ldﬁélﬁIﬁQt P Hgeneatastiroraghe downelix %graﬁrltDi\&nsmg@ The

e it requi r SECPReEREORAAS SEFLAREO e L AR TN AR, R

parameters) aadeiates %c@pﬁléﬂéﬁ%h@abaﬂmldﬁ iglusbf@as @aieuad sie snd. hlEhe
noi se-reduced stereo signal L' . Furthernpre, the 20PS-based FM stereo

ol 6. 1 educt HEROTUARSALCURY BRIF3oad bY PRGBREATE PUPATS WHer GRRIES-hn
addi ti onal Ny@ubcifon 4 bi thElaoRaRKneARPBS AokREy PASHRRRCS chécEUAREY, T esol uti on

at | ower frequencies. This neans t eterm nati on of e PS
par anet erl§ t WRK@HA( yHeikgBumbagen,Hrgh Rigital Audiof Effdcts Wiorkshok (BB atR.ons. | n

addi tion, - the 35 ba3echalol Bk S 1QiTEISH of SUHEERe Liepllsendent &
particular with regards to the determination of parametric stereo parameters
and in particular section 4, is hereby incorporated by reference. The stereo
mixing matrix 4 may be a 2x2 upmix matrix which generates the stereo signal
20 L', R’ from the signals DM and S, or S*. The upmix unit 4 and the decorrelator
10 are part of a PS decoder 8.

The apparatus 2 is based on the idea that the received side signal may be
too noisy for reconstructing the stereo signal by simply combining the received
mid and side signals; nevertheless, in this case the received side signal or the
25 side signal’s component in the received L/R signal may be still good enough
for stereo parameter analysis in the PS parameter estimation unit 3. The
resulting PS parameters 5 can be then used for generating a stereo signal L',
R’ having a reduced level of noise in comparison to the audio signal directly at

the output of the FM receiver 1.



25conmput ati ons, such as sin() and atan() operations which involve high
conput ati onal conplexity. Another shortcom ng of the PS-based FM stereo

noi se reawotzomm4s@ihod is that it is not fully nono conmpariHpR@26693¢® it not
only nodifies the side signal but also the md signal in order to determ ne
t he noi se-reduced stereo signal L', R. In other words, the nono downm x
30M =(L+R )/ 2 of the output of a PS-bas&8-FM stereo noise reduction system
is typically different fromthe original md signal M In particular, the
nono - 16 - downmix signal M is typically attenuated (i.e., of |ower

| evel ) if the rdbes\eeabisy Weadbimll cairabeéiclmard@i sm”elmelaﬁimgrﬁ@aoa(rametricif t he

comonent 5) - STatea sttt eghofl ket BEMG Hal ARG PR AL il cr oo ol <

reduction sysigal istibeate® nothedmwdiannel whidk iotypratly hst dded iethgpPsal nmd
signal (since only the side si gnal is nodified/ Er ocessed) Since the
anmount of corﬁi&w{‘m'% d\'?é(?rt%'ﬁﬁ$é ?f@ce@ﬁdt% gainpgsa ip, IEN/?%t’b@é@ H oy

reducti onsethogion, Gn&PHCSib JIRN fofTPS SARINAE! Bittacti s _document

describes an alternative framewor stereo noi se reduction that

utilizes 10a pr‘?rg'thcekdr%/l@@%%ggﬁgm%a&%se dd&%ﬂhee‘?\t tﬂﬁ Ab%t@@ng%tthbc Stereo

(PS) -based fra ction-base es | ower
conput at i onalaudmngrbeedsing a;imareptastz|eallaﬁt/r|ghlnete|me@d|gnalt Wrthbamed FM st ereo
noi se reduction thod uses a r nber of filter banks and avoids the

uced
use of trans EsH QPSE%%@F&*E%&%S W'Atﬂ'ntth%ag%ﬂﬁé)r?qer?é'nrgtapll?aga Beént"€hown t hat
15i nproved augiyR seaédsing &@d’éré’c‘és%n%@@ MJ288s é‘@!dﬂﬂjt%l‘éﬁalﬁh%b%lﬁ@n based FM

stereo noi se reducti on met hod As ouP | i ned above, the PS-based FM radio
noi se reddct irepresgriation shevaforen tir g)nczptseumuse@d hwwqmm e apgGasWelll t er

banks and t . S fi filter bank

oper ati ons \gﬁ%% et%%ghgll?tgné\ mBQ{ %’ dppﬁu%/r :46 ¥ ref&rgcsﬁﬁl re high precision.
The two QWF anal ilt banks aperate.on the nal.s nd.R at the
Tnput "of the- Pa TERESASe 9%’5%8@%0' SRS et oo & PR “enor at ¢
the signal s lgerfaifls Rell@r dituationd WHereathe st 7 éi@ﬁﬂﬂ,ﬁrrec&vedfﬂﬁ/ltﬁé@rormre t he
PS- based system uses the stereo paraneters IID and | CC, and transcendent al

functions |i lB&€ng} Wf)ta'@ﬁ(ﬂ”%%{Hbi)er@ﬁé'aﬁ%@yﬁlﬁéﬂ np@e(%lgmp@g{q@@ the radio
15 transmission channel. However, the PS-based FM stereo noise reduction

method has several shortcomings. The PS-based FM stereo noise reduction
method is rather computational complex, as it requires two QMF analysis
banks (for the calculation of the PS parameters) and two QMF synthesis banks
(for the generation of the noise-reduced stereo signal L’, R’). Furthermore, the

20  PS-based FM stereo noise reduction method typically utilizes a hybrid, i.e.
QMF plus an additional Nyquist, filter bank approach for increased frequency
resolution at lower frequencies. This means that the determination of the PS
parameters typically requires a high amount of filter bank operations. In
addition, the PS-based noise reduction method requires transcendental

25  computations, such as sin() and atan() operations which involve high
computational complexity. Another shortcoming of the PS-based FM stereo
noise reduction method is that it is not fully mono compatible since it not only
modifies the side signal but also the mid signal in order to determine the
noise-reduced stereo signal L', R’. In other words, the mono downmix

30  M’=(L"+R’)/2 of the output of a PS-based FM stereo noise reduction system is

typically different from the original mid signal M. In particular, the mono



25el enents of the stereo upmx matrix 4 fromthese stereo paraneters.

It is proposed to reduce the conputational conplexity of FM stereo noi se
reduct i orvweystaasdsy usi ng a prediction-based franmewor k iPaSiEP2@206932he
downm x/ upm x framework of the PS-based systemdepicted in Fig. 2. By
switching to a md/side signal representation using the LR-to-MS converter
75 30and the MS-to-LR converter 76, in-&0nbination with a prediction-based
- 17 - approach, it is possible to reduce the nunber of required QW banks.
The LRt o-Ms converter 75 generates the md signal M(L+R)/2 and the side

si gnal S=(L- R))ﬂvznmiaaianaltM’niayymfwllmmewdteﬁf(ieh@f lnwver level) déhgiapaded from t he

FM r ecei ver are di ct | d.into the, aud roces n tus 2 of
mg S5 T BEEbS sUab RS vl sabEadmolE (R helleBE BT R ERBRLA £ %1 e
LR-t o- M5 conegiifant panned &md)or deSdrostedrigheetdhponditsam eranpt ®

predi ction-based FM radi o noi se reduction system where thin |lines 80

denot e ti me- d¥gefionthy @ﬁQ|C§0n1bﬁ§%q<FMl%ﬁ@@%‘?'%ﬁ@t’@'ws%ﬂdhﬁ M3"¥nal s, and
dotted | f |
otted |ines Ba,d8noffe baﬂgﬁ%?{ez%rag-rq%gﬁg%%v@ IAeRRete srfé@gf%%‘fs uses only

one QVF analysis tilter ynthesis fi ank 72 in

t he signal panddifiedygreceseetind QVF anal ysi s bank 73 which is only used for

paraneter estimation (and which typically has reduced accuracy

requi renents). Sinocdshewndunédf edmpetatidbhal dBBiiade df Hd P&diagedﬁﬁi/l%ereeducti on
systemtypically uses a h%@]rl d filter bank (i.e,, a_conbination of

. a
bank with addiPtSCIREYCUEEHARIEOL P ?PPP?FJ”F%F‘%”M“P@\%‘FJ‘W BumdecumREHy a

Nyqui st filt Qesbfftt)an MitPhstRle FdmarSIKEYLerR s'@ér%%blsferr@ga'@c%ythé?§mz%' on for
the | owest frequencies up to approximtely kHz. For the prediction-based

FM r adi o 1Aoi wreé@mm basedgrreasgh. |QOMmed)@lewef%metrma‘ite@@dashu@ﬁe@ quality

The nybri a riragie Hedibn Sl b elibad PRl b dfrBialc; co” ™

reduction sy&bﬁmlémy 0 partular, Fprbaiokisn-basezl FMatdrgbhbdefredi@ionbanks) ,
whi ch further reduces the conputational conplexity and al so reduces the
al gorithnic degtAgd uses @é@%&i)nuweépf fiker Wkﬁé’d‘p@@ldﬁﬁa? Up? Btessi ng. The

pr edi ct i on- basRdc MRl RBrPRIISOR BYSHRD Hhe it tdeRisiBuAtnaSoener ating a

noi se-r educe I de si gnal ro e recelived si gnal
15 improved audio quality can be achieved when using the prediction-based FM

stereo noise reduction method.

As outlined above, the PS-based FM radio noise reduction system shown
in Fig. 2 requires two QMF analysis filter banks and two QMF synthesis filter
banks. All of these filter bank operations are in the signal path and therefore

20 require high precision. The two QMF analysis filter banks operate on the
signals L and R at the input of the PS encoder 7, and the two QMF synthesis
filter banks generate the signals L’ and R’ at the output of the PS decoder 8.
Furthermore, the PS-based system uses the stereo parameters 11D and ICC,
and transcendental functions like sin() and atan() are required to compute the

25  elements of the stereo upmix matrix 4 from these stereo parameters.

It is proposed to reduce the computational complexity of FM stereo noise
reduction system by using a prediction-based framework instead of the
downmix/upmix framework of the PS-based system depicted in Fig. 2. By
switching to a mid/side signal representation using the LR-to-MS converter 75

30  and the MS-to-LR converter 76, in combination with a prediction-based



using two paraneters a and b. The received md signal Mremins unchanged
(apart froma delay 74 used to conpensate for the conputation tine required
t o det er mvoeotdngsévoi se-reduced side signal S . This is d@cifeee@nededm t he
PS- based FM noi se reduction system where two signals, the noise-reduced

| eft 30and right signals L', R are determned as a function of the PS
paraneters. - 18 - Defining the red¢éi-ved mid and side signals Mand S
as ME(L+R)/2 and S=(L-R)/2, the side signal can be represented using a
prediction coefficient a and a residual signal Das S = a*M+ D. This neans
that the predipotdash, ipérRossitdg taaredyceitehurobgradeatiradieMsibaoksiTgeadlR-f rom t he

ener oy o D) AR wBlsRD I B Elete e Gy QR P PSR et e

expect ati on Gp@I-R}/Q; and it &Y ks omiitts PEedingd | sidle aabid fedranbe AMT@YeibEr
determined as the ratio of the cross-correlation between the received side
and the receilv@§ dhiegthsfegraio, thgydinrroesrsingarraretye 2n9fdid GsiTgasStorypi cal |y,

the coeffici q’_ﬁtcﬁ)n‘?}?rgté\‘% Bt ﬁh'egﬁ\g{llg@()ﬁé ratib R AR —@MS%BWerE}'?%.”?anS

that different coefficients a (an are eterm ne erent tine

| nterval s andl oty lifdgrent, (%fef\g(%\ﬁ%%n CRIARE g biE Pasd 1M SAABHHR O

values Ell may b erm ne a spe rnme i nterval
and/ or wit hi rnecamrpetsys‘,ﬁem mmjﬂmynesa&@deﬁ@teglmad@vﬁlmgrbﬂmdhmk liaegiunber of

grouped 15QMVE s bban predi ction coeffjcjient has been et erm ned,
a residual sin®in g&&‘ﬂ%“ﬂ'@t '%éﬂdﬂPHﬁﬁjﬁH%S PECENEPFHP N

signals M S ré@é’udrﬁ@éé@ﬁ&’ amé&aRlusks Eﬁb!/ oth% ﬁﬂ\ﬁpbﬁé%@hﬁér @é/nl@?ﬂ%@”a ated
ver si on decorr(M of the received md such, a noi se-reduced

versi on S0of onR&MI entBeginéilterdmnied? mhaét@rahpai@da@@asecmch@MH b*decorr (M
where b is aa%g|y5|s b%%&o/r?) \ﬁl?nﬁ rlsotgrhy Ugeé 4%? pgpa'?‘ngc%r 8ét|r¥1gt?o (%\?18 h%ﬁat ed signal,

al so
typically has reduced accuracy requirements).

As outlined above, the PS-based FM radio noise reduction system typically

uses a hybrid filter bank (i.e., a combination of a QMF bank with additional

15 band-splitting for the lowest QMF bands using a Nyquist filter bank) in order to
achieve a higher frequency resolution for the lowest frequencies up to
approximately 1 kHz. For the prediction-based FM radio noise reduction
system, it has been found that good audio quality could be achieved even
without the additional band-splitting provided by the hybrid filter bank. Hence,

20  the prediction-based FM radio noise reduction system may use only QMF
banks (i.e. no hybrid filter banks), which further reduces the computational
complexity and also reduces the algorithmic delay (or latency) 74 of the FM

radio signal processing.

The prediction-based FM noise reduction system of Fig. 3 aims at
25  generating a noise-reduced side signal S’ from the received mid signal M
using two parameters a and b. The received mid signal M remains unchanged
(apart from a delay 74 used to compensate for the computation time required
to determine the noise-reduced side signal S’. This is different from the PS-
based FM noise reduction system where two signals, the noise-reduced left

30 andrightsignals L', R’ are determined as a function of the PS parameters.



referred to as the decorrelation paraneter b. The decorrelated md signal
decorr(M nmay be determ ned using a decorrelator 78 such as the
25decor r evator3/890f Fig. 2. The decorrel ati on paranet ePCh/EPam2loe9sednput ed
as b = sqrt(E[D*D]/E[MM) in order to replace the residual signal Dwth
an energy-controll ed decorrel ated signal (b*decorr(M) that has the sane
energy as the original residual signal-B3-Consequently, the paraneters a, b
of the prediction nodel may be WD 2013/ 045691PCT/ EP2012/ 069323 - 19 -
determned fromthe received md signal and the received side signal within
t he paraneter déeéiningiheireseivadi midzand designalsid lepd S aeMstlefB 62 shgnal L' and

R at the out pul t he predi ction- based F oi.se_reduction st IS
comput od {1 o 828 RERal AR Airehle iR R R E R b

W th a noi se ghaduekidoal $i8ndl D78 SSi gvaa + heThramaens e tite prdidiioar e typically
estimated and applied . in a conpl ex-val ued QVE domai n representation (of

e.g. 64 bandPpraneler gripeerkioRyedishteesidasignadranihe Migsignaein gremal

f requencyvaryd NeidPESE i cie i per i i nd
frequencysti I%Y%ﬁ&lls useclicfle oa?dvgﬁégn%fnéﬁl%gt%ﬁ%gkégD%d %E@BP%@?&? into a
total of 15 frequency bands accoréplj__ ,tmg% @N@gpt ual frequency scale (e.g.
a Bark scale). The perceptual frequency cé e y be fornmed by grouping

nei ghbori ng bapds a igher frequencies to formw der. frequency bands
Wit o ar e oy Vet Fl Gruplosr bl Mbecre B SRR o b il b ity Yo "or aret or s
a and b (one chefficrach ey isaeéermbaads tae eatiy/dh tealckissoeelstiohaleeded regul ar
time intervals (frane using a tenporal analysis w ndow of

appr oxi mat el ﬁh%@qwepfﬁ)@gﬁcg%‘edﬁﬁ%% el ei8paleanyl [heoparat P'dhe Mid or der to
fram) £otne ek e, o Ve AEE] Eha KR e e oA e e KB o & ong
t he tinme |in@hismagatmethahpifieyed coeffigienltsla i(ardbpark atebet n2qxhfoaidfarentval ues of
a and b. The tljrrq]et ﬁ"qr’ﬁ r%lgta%g/(?ra({iﬁen%tn? Frealt?eln%?/srar?geaspgs ts)uéahr, %he expectation

values E[] may be determined for a specific time interval (e.g. 64 ms) and/or

within a specific frequency range (e.g. a QMF subband or a number of grouped

15  QMF subbands).

Once a prediction coefficient has been determined, a residual signal D
may be determined from the received mid and side signals M, S. The residual
signal D may be approximated by a decorrelated version decorr(M) of the
received mid signal M. As such, a noise-reduced version S' of the side signal

20 may be determined as
S'=a*M + b*decorr(M)

where b is a gain factor controlling the energy of the decorrelated signal, also
referred to as the decorrelation parameter b. The decorrelated mid signal
decorr(M) may be determined using a decorrelator 78 such as the

25  decorrelator 10 of Fig. 2. The decorrelation parameter b can be computed as
b =sqrt(E[D*D]/E[M*M])

in order to replace the residual signal D with an energy-controlled decorrelated
signal (b*decorr(M)) that has the same energy as the original residual signal

D. Consequently, the parameters a, b of the prediction model may be



then multiplied with the corresponding QW band signals to which they are
to be applied. As indicated above, the second QW analysis bank 73 is
only usedwbapiddascopar amet er estimati on within the parampCeEEPdeas32Mat i on
unit 77. As can be 25seen fromthe fornulas provi ded above, the second QW
anal ysi s bank 73 provi des subband information on the received side signal
S, which is used to determine the crossi@orrelation E[S*M on a per

par anmet er band basis. In other words, the second QW analysis bank 73 is
only used to determ ne expectation values on the |evel of parameter bands
(i n contrast deter@iredomaheacersjvasani)signal apdithetdoeivedsidtssigndavihétond QVF

anal ysis bank, 73_1s used .to determne_the prediction paraneter a on a
relatively CEI&? Baratrr?qtffgr (g(?_;tgrml_naéﬁn -unF?gquency grid. Consequently, the

requi renents on the sel ectivi e.g., the |l ength of th roto e W ndows),
the time T froqSenssstl biiared Siefta L eRe L oRb St b REBGAED- of "t he
second QVF anakysFs maskKrebBcBoesystemiid taaplted floveie fbaied Rad sRM-I mement s
for QW analysis banks 71 which Tie within the 5signal path. As such, an

audi o pr oéesginAghappapatamretorsimand baithdeseipe RAIOHAN ¢RitF9 sisetthe

determ natio LSe-he i S ' I tional
conpl exity cg)r?g%rpgt(??{%%ﬁd lgégg@g%ﬁ&%@%@ag%a%%Oga%@fegdﬁg;@frﬂ%&g@g%cgi ng to
Fig. 2. The <KiMEdsingmaleptEseatadionlief €. debapanys)sbearoadsimgdanivgruairidd 10may

be converted into a noise-reduced left and right stereo signal L', R using
the NB- t o- LROUDHVEFTEr o repeRal YpnAne wapars. Fmleallha peresRBta t hat i n

addi tion to nestiatdihBeneIrRuLAty B is G88P!FRX ekdmpleN6a PRNE Bt dtehagiual i ty
of the noise-reduced FM signals can be inproved when using the

predi cti df- b&sedorddinicsa tatadefctd Beaus sy dandsiacdaididgitaatieeceptedent document

Usi ng & pr ear e ERoLRele B B RROT) TERPeriebub Rs RSB ERE o7t wat ons

wher e t he regeinvedbysgraopingineigh®oiing QR fands o8 thighiag fragdemudéssty feide si gnal
(i.e. having a higher level than the md si@gnal can_ cause perceptually
annoyi ng ar t iMfigRtTEeaUSHENPRITS Wiiish PEhYPIANY BR(Rd B 3 “RaeRetaR@ahfensni t t ed

stereo si gna'Th'b%efAﬁﬂ ;férbhﬁ%{é‘rs 8l (drie 8 eaHBdrBMeterTaRE] aRAYSBaRET WEEN T WO
pi eces of nmnusic) ile the recelver iIs
15 calculated in regular time intervals (frames), e.g. using a temporal analysis
window of approximately 64 ms length to approximate the E[-] operation. In
order to ensure a smooth transition of parameter values from one time
interval (e.g. frame) to the next, temporal interpolation (e.g. linear
interpolation along the time line) may be employed to yield interpolated
20  parameter values of a and b. The interpolated parameter values a and b are
then multiplied with the corresponding QMF band signals to which they are to

be applied.

As indicated above, the second QMF analysis bank 73 is only used for the
parameter estimation within the parameter determination unit 77. As can be
25  seen from the formulas provided above, the second QMF analysis bank 73
provides subband information on the received side signal S, which is used to
determine the cross-correlation E[S*M] on a per parameter band basis. In
other words, the second QMF analysis bank 73 is only used to determine
expectation values on the level of parameter bands (in contrast to QMF
30 frequency band). In yet other words, the second QMF analysis bank 73 is used

to determine the prediction parameter a on a relatively coarse time and



facing internmediate to bad reception conditions. Such situations may be
characterized by E[S*S] >> E[MM , i.e. the energy of the received side
signal Swe?20sgmidfii cantly) higher than the energy of tRreTmPe@ERWerd23 d
signal M In view 250f the fact that the paraneters a and b depend on the
energy of the md signal EfMM and partially on the energy of the side
signal E[S*S], the paraneters a and b t¥Pically have | arge absol ute val ues
(clearly greater than one) in the above nentioned situations. This neans
that the md signal Mis significantly gained up in order to determ ne the
noi se- r educedresiudecysgrigh&onsquedly Hbe egguiiemenig aoitigyselectivity¢e-€. thBur t her nor e,

uctuat o al SR PhireiRbmenays Wi RRey Sapfalesgods dupgadne = Tom9Y

acoustical 'y cam p@tatwméE§¢duaéﬂye>fltm g@dmnblqw analysik Dapk derargsidngribatly hi s
probl em a post-processing step can be applied to _the paraneters a and b.

| n ot her worddverdhapiia 'ie@H'r§@FnE§ffObQWr%°taébf5§ kankgdl which digvithén Bt er ni ned

with a' =fa(agaf &hbl =fb(a, b). A possible post processing approach is to
apply an atten atlon or limtation factor ¢ to obtain the post-processed

paraneters a' =a par anet ers
a and b. Val ues A%f'i% ,%%%égr(}c‘ggﬁhgaggarraéuigﬁgé é?%ﬂeéﬂ?i’[‘i@ﬂ@&g

mul tiplied bylldwsthe deatermmubeoaanqermaeeubelmw@e élgnalcs ad:reddcedhoul d be not ed
10t hat other fornulas for the rel ationshi

possi bl e. copyPHit Rt CUPPIFYRCHERPR1E E‘bﬁ%@rtéasFH%M naise é‘%q%’ﬁof‘ é}ﬁtS'fn c f rom

a and b, i. eacc&rdfr(gatotﬁg 2T Re B@J%Sé afs’ JrY@tHéO(@@I'agécﬂ rBRAVQRMESigAS IV’ C
=max(1, (a2 + bl, or(1) ¢ =max(1 a2 + b2 )) .(2) 15The approach usi ng

formil a (12) emtbeeonveaediiie asraseyedoted test ansl ght swdg@@n\atl dB’ udighal S

does not exciﬁ%,\/ﬁ;@ L%{'g({ rtgszé@er%&g?i%@r@%%s\’m\)e§ho?/ RRAH oach usi ng

formula (1) ah ev ong aredtoforrmla

(2)) in the sidui@hitonsdsRscihelsthmbatithal vhaprexity, #idperce FHuldt diality bf has been
found that the approach using forrmula (2) tends to

the noise-reduced FM Signals can be'improved when using the prediction-

based FM noise reduction system outlined in the present document (e.g. in

15 Fig. 3).

On the other hand, it has been observed that when using a prediction-
based approach for FM stereo noise reduction, situations where the received
signal is dominated by a strong and noisy side signal (i.e. having a higher level
than the mid signal) can cause perceptually annoying artifacts. Such

20  situations can occur e.g. when the transmitted stereo signal is relatively silent
(e.g., during a short pause between two pieces of music) while the receiver is
facing intermediate to bad reception conditions. Such situations may be
characterized by E[S*S] >> E[M*M] , i.e. the energy of the received side signal
S is (significantly) higher than the energy of the received mid signal M. In view

25  of the fact that the parameters a and b depend on the energy of the mid
signal E[M*M] and partially on the energy of the side signal E[S*S], the
parameters a and b typically have large absolute values (clearly greater than
one) in the above mentioned situations. This means that the mid signal M is
significantly gained up in order to determine the noise-reduced side signal S',

30  thereby introducing artifacts. Furthermore, the parameters a and b may



20provide slightly better audio quality for wide stereo signals in case of
good reception conditions, while the approach using fornula (1) tends to be
nore rel ivibl2e13msg@rneventi ng the perceptual | y annoyi ng arPCirfERet1g/o6s3eri bed
above in case of internmediate and bad reception conditions. It should be
noted that in typical reception situations the energy of the 25side signal
E[S*S] is smaller than the energy of thélmid signal EfMM. In this case,
the paraneters a and b are typically smaller than 1. The "nmax" operation in
fornulas (1) and (2) ensures that in such situations the limtation factor
is c=1, i.e. Strongliyrﬁiiwmate)aIOhgtiamoaricbﬁieque—nczmhich is typisaliyl parsgivet ed in Fi g.
3, a pararretecogt a¥ g u%e D t m§ crossfade between a noi se-reduced
si de si gnal %5) hé 8P|8 % t§ V@ &d (del ayed) side signal Sina
pass-t hrough or The pass-through node can be ben cial to
handl e situation$ e{ mﬁ%%at?'a@é POn2 PORRPFEINE HER 2D Flaﬁﬁleeéj%y For

thi's purposeiné Bgrafvbista/afd bl IRLRECRIMEE MFfearsePosparmletsB@ubhd be
estimated in a reliable way, in order to decide on the use of S, S or a

corrbl nati én & can badgtesminad Wit agé&fRbhendh =fita bh i rassioleiDesi Precessias si gnal
L' . In myr I S8~ ' ' y pass
through a ng% r(ﬂa% E%gdda%glf%ﬁa Eﬁﬁ%;%%aﬁglnﬁlﬁgﬂﬁﬁg%@gggoéltggﬁﬂglej)os S may
pass 10t hr ougnlnocaasbgqbaa@nmerrs anfa/tc 0. b'Fb gaare eni 1L sesiMks iB Ungediicat e

arrpllfled and/ or attenuated s s at thejr o ut fromthe

Pl & ot L RErAmORIg nig VAR of Sl Saraht BOEaa @ SIUTBRF AT s o o
merged in a %rrﬁmﬂﬁhéﬁ"b} 1ﬁ@|9 t@Be%&thﬁ‘&eH%ta)fa&%r clikgr&RY By fi ng a
conbi ned side signal which is used to generate the noise-reduced stereo

signal L'10 Rthatlcﬁrrmform@kascf@rtbﬁx@age@sfm/baww% a dwadicon asg poesibieny f urt her
conprise an HQ (high quality) detection unit 20 which is configured to
deterni ne or tomﬁerien’aaraomhmdsdoe:bmfuteﬂ@IHuitthbinefantoirsérqm eland &, he., r ecei ved
FM st ereo si g fﬁ p% PrglyTé @ noi se L evel estimte determned within
the HQ det ectT oft"Urfi'? P25 ¥ PaeHBIeE@PPEIAghES B ween t he noi se-r educed
side signal S and the 20ori gi na byp sed) side signal S. For bl ending
the side signals, the HQde¢ema|X bij@r may be cédhfigured to set the
gain val ues of the noi se-reduced galn unit 31 and the bypass gain unit 30.

Alternatively or in addition, th Wg of the side signals may be
achi eved by interpolating (Tlﬁ@éi Aot Pnbin-1i near | y§%k he side signals.

Alternatively, one of the side signals may be 25sel ected based on the
estimat e 16f t he Thewepragchtusmngfadnpé2 heissesidet the erateywt the moisee HQ

detection unirédt?c%'d side signal S’ does not exceed the energy of the mid signal M, while
the approach using formula (1) applies an even stronger attenuation to S'
(compared to formula (2)) in the situations described above, where E[S*S] >
E[M*M]. It has been found that the approach using formula (2) tends to
20  provide slightly better audio quality for wide stereo signals in case of good
reception conditions, while the approach using formula (1) tends to be more
reliable in preventing the perceptually annoying artifacts described above in

case of intermediate and bad reception conditions.

It should be noted that in typical reception situations the energy of the
25  side signal E[S*S] is smaller than the energy of the mid signal E[M*M]. In this
case, the parameters a and b are typically smaller than 1. The “max”
operation in formulas (1) and (2) ensures that in such situations the limitation

factor is ¢=1, i.e. no limitation is applied.



In the follow ng, a nmethod is described how the HQ detection unit 20 may
estimate the actual |evel of noise within the received FM stereo signal and
t o t her ebyodesidesomhet her to put nore enphasis on the necCT&EPr@doesds si de
30signal S or to put nore enphasis on the bypassed side signal S. - 23 -
In order to discrimnate between noise and the actual payload signal, it is
assuned that the received side signal S2Bredom nantly contains noise if the
side signal Sis significantly stronger than the received md signal M In
other words, it is assuned that if the power of the side signal S exceeds

t he power 5of t e illdstrasedyindiis.M, laypasiapetsr denay be peed thsresdiblydrossiedgpower of
the side signals is mainly due to noi , nce, .the Signal -tp-Nai,.se Ratio
(SR of ¢ he bl lBEPefal S PO S AR e iR D e LR

M d-to- Si de Bald 9gdVBR) of isstioyulBr vadase shode. T8 paSNRrK)gzmiyBRcan k if MSR
< MSR THRESHOLD E{s_k_ZL, 10 for every frequency band k. The MSR THRESHOLD
may be set t®edegeficighi handlesitstionns s opf redrptiogcradigipns e eARYHFE{ sk 2}
in the frequ y i i nk2} in

t he frequgnci%@/éﬁﬁatﬂgo@r%sgt' %‘F‘eﬁﬁ?%iﬂtﬂ%ﬁ‘%@eﬁé&fgﬁ\gﬁ ete%rQ%nﬁe Olg%drgééhol d
(e.g. +6dB), estimaMsHRnreanelibelecmysindededtotaecine @yiel usef&’, Sppa oxi mate to the

SNR in the frequency band k, .thereby 15provjiding a reliable estinpte of the
orse comnr | SORETAtRn T Enat Sdar et Riaiths nEfke e e eBSHralE) ¢ ©
frequency bamdsinGasreenged tarfd, thednoidd-udedDdenal SNAky phss Bhra@es 71, 73,
where K = 64 channels of QW audio data may be used for processing. As

out | i ned aboweNoisehedafsd gaintwnr3 argvihenipasserhside signobm My ee88| y be gr ouped
into a reduc - ; M r g.4to a
non- uni 1 afm R PREmA PR f F BHREY ThERER IR, B GRBRAR T RIRed B ¢ e
MBRs can be detgomatterdiafentside pignalalat tiyeiobutbueomrtoy s(deasignadd et thebbands,

wherein the resolution o he plurality of frequency bands is perceptually
ot vated. YRy s SBRieed ato/Br nyae S SR ARG e BRGS0 SERAENE bands
or a hybrid @Mk Eid heERARE uﬁ&?’SQPdﬁBFéb?%rJﬁdih%%%mﬁm@j §i8ealgabi WRicRf these
filterbanks is typically overly high in the high frequency range. As such,

it may be berefses t9lgengraje supneiseredifced sterpasigsal ln, B

15 The prediction-based FM noise reduction system may further comprise an
HQ (high quality) detection unit 20 which is configured to determine or to
estimate the level of the audible noise within the received FM stereo signal L,
R (or M, S). The noise level estimate determined within the HQ detection unit
20 may be used to blend between the noise-reduced side signal S’ and the

20  original (bypassed) side signal S. For blending the side signals, the HQ
detection unit 20 may be configured to set the gain values of the noise-
reduced gain unit 31 and the bypass gain unit 30. Alternatively or in addition,
the blending of the side signals may be achieved by interpolating (linearly or
non-linearly) the side signals. Alternatively, one of the side signals may be

25  selected based on the estimate of the level of the audible noise determined
within the HQ detection unit 20.

In the following, a method is described how the HQ detection unit 20 may
estimate the actual level of noise within the received FM stereo signal and to
thereby decide whether to put more emphasis on the noise-reduced side

30 signal S’ or to put more emphasis on the bypassed side signal S.



perceptual ly notivated manner. As outlined above, the paraneters in the -
24 - prediction-based FM noi se reduction system correspond to such grouped
(per cept nabI2913masdorat ed) frequency bands. By way of exampl&P2012869325 anet er s
a and b of the prediction-based FM noi se reducti on system nay be determ ned
using a total of 15 to 20 grouped QW frequency bands within a 5time w ndow
corresponding to a signal frame (conprigdng e.g. 2048 sanples). The sane
frequency or paraneter bands used for determ ning the paranmeters a and b,
may al so be used for determ ning the MSR val ues per frequency/ paraneter
bands, thereby fedusritgdishemnate aelwesompigeaandihal actuatpbgrad gignadtHe power
of a paraneter _band.k .for the md si.gnal. Mand.for a certain giyen point in
Ui hocan besetn ettt stotfel o udids B0L ity BofBisHESPI R Mo
E N n_ni k, n wherr gl Sas spngichatly sirdiewtiacaktaedcdedd@ansighdieM] Insttisdt s or
sanples ril and nrENdA is used. It should be noted that other w ndow shapes
may be used t9rdsdideeeplmed i ifdhpoonst Phherdegignal|s @crads the power
time/frequen FeS i [ i d such as a
bi ser et o Fourt B¢ HIESERAM of B A Rl S pal Gt e KO ot case ¢ he
frequency cosfgnath éntsintagudd nuise peechce nthe Jignatto-Upise GapibyaNRyofmbei vat ed)
par anet er bands.. n the si signal S is not stronger, than_the md signal
U Cor not 20 TEERERF ey BT M S B e e Sy e B e Pe B o i <

typi cal | y notwgwrafdrabh #1881 d10ed:he MSR. I n ot her words, when the side signal
S is not stronger than the md signal M (or not stronger by MSR THRESHOLD),
the MSR is typically not a good tibmate of the SNR. In this case, an SNR

may be determni ned baﬁﬁ(ﬂ%mg oy e E‘OM@Q%H By essph phe SNR. This
may be E{s,f} -

10  for every frequency band k. The MSR_THRESHOLD may be set to e.g. -6dB. In

other words, if the ratio of the energyE{s,f} in the frequency band £ of the side

signal S exceeds the energy E{m,f} in the frequency band £ of the mid signal

M by a pre-determined threshold (e.g. +6dB), the MSR may be considered to
be equal to or approximate to the SNR in the frequency band &, thereby
15 providing a reliable estimate of the noise comprised within the received FM

stereo signal.

The k =1,...,K frequency bands can be derived e.g. from a QMF bank
analysis stages 71, 73, where K =64 channels of QMF audio data may be
used for processing. As outlined above, the QMF or hybrid QMF bands may

20  advantageously be grouped into a reduced number of frequency bands which
correspond e.g. to a non-uniform perceptibly motivated scale, e.g. the Bark
scale. As such, the MSRs can be determined for a plurality of frequency
(parameter) bands, wherein the resolution of the plurality of frequency bands
is perceptually motivated. By way of example, a QMF filterbank may comprise

25 64 QMF bands or a hybrid QMF filterbank may comprise 71 bands. The
resolution of these filterbanks is typically overly high in the high frequency
range. As such, it may be beneficial to group some of the bands in a

perceptually motivated manner. As outlined above, the parameters in the



25i npl enent ed by applyi ng a snoot hening or decay function as described in
the context of step 104 of Fig. 5. Fig. 4 shows the power spectrumfor a

m d si gnavoe013zmebdtthe power spectrum for a side signal @CTIER2@2/06933y FM
radio reception condition. For the frequency bands with a strong dom nating
md signal M it is anbiguous - 25 - whether the side signal S is noise or
not. The side signal S could e.g. be pa2é-of an anbi ence signal or part of
a panned signal. Consequently, these frequency bands typically do not
provide a reliable indication of the power of the noise within the received
FM st ereo si gmediction-pasedrFM/noiSE redishionsystemoekiasgond ta dlech Zofipedjuency bands

R L M T B R e G B
likely indicatamnb of thessedittien-bysqauFd noiesed wetidni gystedhensiyde si gnal S caused

by the radio transm ssion. Such a situation, where E{sk2}" E{m, can be

seen in Fi g. 98QMinghveRe airiay olaha 1 RPEroyRed QMR frenency Banda Mt @ he MBRs
across 10the f Vi 5 ; NS e el iable
i cat or of o ERRoRRESdng Tl 2 gepi) e RrfiRT e R0agmeRL T Ty
of the over alTheseoe fveleRly paphranst@remndsiugadfor deternAnidigdhe pataemttesuch as

musi ¢ or speech pical |y, has |l ess payl.oa n iin the high frequency
range than i 5 Q%X'I%W?Iﬁéaﬁé’ﬁw? ' %%'&Wgttﬁ%wglu?%%erwpayI oad energy in
the high frequeuedcy/pagendtBYbdRIs, BfseoRHUGHS e H1RAI Eombli@tibadw frequency
range. As such, the energy of the noise of a received FM signal nmay be nore

easi |y detectcefR®4hi n the hi gh frequency range than in the | ow frequency
range. In view of this, it may be beneficial to limt the analysis of the
MSRs to doOsel ectTod power phmgaranfietehianck &dr tke imid gigaat )yl drehigs a ceabin

icular, i . ficial imt 1h |_y.SI f.th h
e sub 1 ayengPtie SRR Be pefueht S PR Talbre oper hal t of

Elmi}=— > i,

n=m
!

where a rectangular window located between time instants or samples n; and
n1+N-1 is used. It should be noted that other window shapes may be used to

15 determine the expectation value. Alternative time/frequency representations
(other than QMF) can also be used such as a Discrete Fourier Transform (DFT)
or other transforms. Also in that case the frequency coefficients may be

grouped into fewer (perceptually motivated) parameter bands.

When the side signal S is not stronger than the mid signal M (or not
20  stronger by the factor MSR_THRESHOLD), an SNR estimate is typically not
available using the MSR. In other words, when the side signal S is not stronger
than the mid signal M (or not stronger by MSR_THRESHOQOLD), the MSR is
typically not a good estimate of the SNR. In this case, an SNR may be
determined based on one or more former estimates of the SNR. This may be
25 implemented by applying a smoothening or decay function as described in the

context of step 104 of Fig. 5.

Fig. 4 shows the power spectrum for a mid signal 60 and the power
spectrum for a side signal 61 in a noisy FM radio reception condition. For the

frequency bands with a strong dominating mid signal M, it is ambiguous



the K frequency bands. As such, the nmethod for detecting the quality of the
received FM signal may be nmade nore robust. In view of the above, a high
qual ity fwotor3/as@imy be defined which 25depends on anPam&iPg&i2®6BR3 MSRs
across sonme or all of the frequency bands k =1,...,K (e.g. across the high
frequency bands). The high quality factor aHQ may be used as an indicator
of the audible noise within the recei ved5FM radi o stereo signal. A high
quality signal with no noise nmay be indicated by aHQ1 and a |low quality
signal with high noise may be indicated by aHQ= 0. WO

2013/ 045691 P@heErI(he £06TEA®I S iRBoise bnhet: feel sidesignadbicoyldse.athessparagf be

I ndi cated by 0 < a <l. The hi uality. factor a n,he derived from
Lhe WoR val uéD AnBERR HEndig ot A Beineb ik s B4 R IngEe MERLERS 7O,
MSR LOW NMSR bigh&sttypiddiiRdb @bt pidverees tdiab MSRdithti@sbiothd poVMeRoL O/ roge MSR HI GH
are pre-determ ned 5normalization thresholds and can be chosen in an

exanpl e as - B4BIMHE regeed Fpe@oisignd) L ALrdMrdstipvewtn akingmbilifal i zat i on,
it is ensyreqdahc hundaiaisrgval éiHé‘.ngﬂ%F@f é’}%f%&aarﬁ@%é&pgéﬁaﬂh%\ﬁ%h@ﬁﬁ&‘een 0
gis avau

and 1. In the above formula, erive om one or nore MSR
val ues. As i siinaaMee.gabypatleagt Galy obley dlevast 40dBY, dims ey b takenas BBRwal ue

across a likely indication of essentially pure noise within the side signal S caused by the

radio transmission. Such a situation, where E{s,f}» E{m,f} can be seen in
Fig. 4 at approx. 2kHz and 5kHz. As such, the minimum of the MSRs across
10  the frequency bands k& =1,...,K may be considered to be a reliable indicator of

the SNR of the received FM radio signal, i.e. of the quality of the overall

received FM radio stereo signal.

Audio content such as music or speech typically has less payload energy
in the high frequency range than in the low frequency range. Furthermore, the
15 payload energy in the high frequency range may be less continuous than in
the low frequency range. As such, the energy of the noise of a received FM
signal may be more easily detected within the high frequency range than in
the low frequency range. In view of this, it may be beneficial to limit the
analysis of the MSRs to a selected sub-range of the total K frequency bands.
20 In particular, it may be beneficial to limit the analysis of the MSRs to the upper
sub-range of the total K frequency bands, e.g. to the upper half of
the K frequency bands. As such, the method for detecting the quality of the

received FM signal may be made more robust.
In view of the above, a high quality factor o, may be defined which
25 depends on an analysis of MSRs across some or all of the frequency bands
k=1,...,K (e.g. across the high frequency bands). The high quality factor Qo
may be used as an indicator of the audible noise within the received FM radio

stereo signal. A high quality signal with no noise may be indicated by o, =1

and a low quality signal with high noise may be indicated by o, =0.



10subset of the frequency bands. Furthernore, q could be set as an inverted
peak-decay val ue of the m ninum MSR value. Alternatively or in addition,
any ot herwerrodasesg met hod coul d be used to snoot hen theCeEraRioss2df t he
quality indicator paranmeter q across tinme. The high quality factor aHQ can
be used for switching or fading or 15interpol ating between the

noi se-reduced side signal S and the or2girnal unprocessed side signal S.
This means that the high quality factor aHQ= p may be used as the gain for
t he bypass gain unit 30, whereas the factor (1- ocHQ =1- p may be used as
the gain for ltteemadibtequatidustatbsgaanbelimdicaddd by 0 < a,, <1. Fre itighgdalgnt of an
HQ detection al gorithm 100 can be descri bed by 20the foll owi ng steps shown
in Fig. 5@ Iacter &t,erad®k derived foch Sied@SRiveniek apeoveing tar e cal cul ated, i.e.
the energy of the md signal |M= E{n} and the energy of the side signal P:
= E{s} are determned for sone or all of the frequency or - 27 - paraneter
bands k, e.g. K10" <k K high . In an exanple K high = K and K10" = K 1 2
(i.e. only the upper|half of tRe frequency.bdnds M&§Rcds¥¥dered). The nid
and side powers pPkmand Pks arg determned af a- ysg grgr  tine instant n,
e.g. using the avéraging formula for the ekxpectation5val ue provi ded above.

In a step 102, the Md to9sSiHeRrdG% (VSR) val ues,d-of,.t he some or all of
(pkm\ k pS In a stepSRO3HIGHe- MSRi MOWNMBR val ue y :fy k) for a certain
where the MSR thresholds MSR LOW and MSR HIGH are pre-determined

5 normalization thresholds and can be chosen in an example as -6dB and -3dB,

respectively. As a result of such normalization, it is ensured that the high

quality factor a, takes on values between O and 1.

In the above formula, ¢ is a value derived from one or more MSR values.
As indicated above, ¢ may be derived from the minimum MSR value across a
10  subset of the frequency bands. Furthermore, ¢ could be set as an inverted
peak-decay value of the minimum MSR value. Alternatively or in addition, any
other smoothing method could be used to smoothen the evolution of the

quality indicator parameter g across time.

The high quality factor a,, can be used for switching or fading or
15 interpolating between the noise-reduced side signal S’ and the original

unprocessed side signal S. This means that the high quality factor a,, = p
may be used as the gain for the bypass gain unit 30, whereas the factor

(I-ayy) =1- p may be used as the gain for the noise-reduced gain unit 31.

An embodiment of an HQ detection algorithm 100 can be described by

20  the following steps shown in Fig. 5:

e Inastep 101, mid and side signal powers are calculated, i.e. the

energy of the mid signal B = E{m,f} and the energy of the side signal

P’ = E{s,f} are determined for some or all of the frequency or



frequency range is determ ned, wherein the frequency range is e.g. 10K10"
<k K high. 1In a step 104, the m nimum MSR val ues are snoot hened across

t he ti nme,we.2g13/lay69det er mi ni ng an MSR peak val ue as peak@PoY/EP20m2/069323
peak(nwith a decay factor K = eXp(-1I(Fs-C)) with a tinme constant of e.g. T

= 2 seconds and with Fs being the frane 1l5rate, i.e. the rate how
frequently step 104 is carried out. Thig7inplenents an inverted peak-decay
functi on which snoot hens the m ni rum MSR val ues across the tine. In a

step 105, the high quality factor aHQ at tine instant n is determ ned by
using the MSR pealpavathet@r bpedk (ne.gatK { i <iKst dntanrexampte K20by Kusidng t he
snoot hened m ni nrum MSR value at tine instant n, wwth q - r peak (n) as O

, 1f g < MSR LOW akiQ = Kl/ X (i-e. ¥BIR théMypperi Halftpfth&/BBq tib€dyl bands is

considered). The mid and side powers P and P’ are determined at a
time instant n, e.g. using the averaging formula for the expectation

5 value provided above.

e Inastep 102, the Mid to Side Ratio (MSR) values for the some or all of

PM
the frequency bands £ is determined, e.g. as, y, = IOIOgI{#] :

k

e Inastep 103, the minimum MSR value y_. :rngn(yk) for a certain

frequency range is determined, wherein the frequency range is e.g.

10 Ky <k<K,,-

low

e [nastep 104, the minimum MSR values are smoothened across the

time, e.g. by determining an MSR peak value as
Y pear (1) = min(xy . (n —1),7,.;. ), with a decay factor k =exp(—1/(F7))
with a time constant of e.g. © = 2 seconds and with F, being the frame

15 rate, i.e. the rate how frequently step 104 is carried out. This
implements an inverted peak-decay function which smoothens the

minimum MSR values across the time.

¢ Inastep 105, the high quality factor a,, attime instant nis
determined by using the MSR peak value v, (n) at time instant n, i.e.
20 by using the smoothened minimum MSR value at time instant n, with

q= ypeak(n) as

0 , if g<MSR _LOW
Oy = 1 , if ¢>MSR HIGH
qg—MSR _LOW .
, Otherwise
MSR HIGH - MSR _LOW



,otherwise MSR H GH - MSR LOW WO 2013/ 045691PCT/ EP2012/ 069323 - 28 -
As indicated above, the MSR thresholds may be set as e.g. MSR LON= -6 dB
and MSR HVOI083/04369dB. I n a step 107, the high quality PattEreo2/ob2at tinme
instant n may be applied to the side signal blending process illustrated in
Fig. 3. 5 The above nentioned HQ detection algorithm 100 may be
iterated for succeeding time instants (28lustrated by the arrow from step
107 back to step 101. The nethod or system for determi ning a high
quality of the received FM 10radi o stereo signal nay be further inproved by
maki ng t he hi gh géalindigattd@bove, the MSR thresholds may be set as e.g.

MSR LOW =-6dBand MSR HIGH =-3 dB.

e Inastep 107, the high quality factor «,,, attime instant n may be

applied to the side signal blending process illustrated in Fig. 3.

The above mentioned HQ detection algorithm 100 may be iterated for
succeeding time instants (illustrated by the arrow from step 107 back to step
101.

The method or system for determining a high quality of the received FM

10 radio stereo signal may be further improved by making the high quality factor

ay, dependent on one or more further noise indicators (in addition to the one

or more MSR values). In particular, the high quality factor a,, may be made
dependent on a Spectral Flatness Measure (SFM) of the received FM radio
stereo signal. As outlined in WO PCT/EP2011,/064077, a so called

15  SFM _impact _ factor which is normalized between O and 1 may be
determined. A SFM _impact _ factor =0 may correspond to a low SFM value
indicating a power spectrum of the side signal S for which the spectral power
is concentrated in a relatively small number of frequency bands. l.e. a SFM
impact factor of “O” indicates a low level of noise. On the other hand, a SFM

20  impact factor of “1” corresponds to a high SFM value indicating that the
spectrum has a similar amount of power in all spectral bands. Consequently,

an SFM impact factor of “1” indicates a high level of noise.

A modified high quality factor «'y, may be determined according to:
oy, = (1-SFM _impact _ factor)* a,

25 thereby emphasizing a high quality factor a',, = 0(indicating a low quality, i.e.

a high degree of noise) if the SFM _impact _ factor =1 (indicating a high level

of noise within the received FM radio stereo signal) and vice versa. It should



aHQ dependent on one or nore further noise indicators (in addition to the
one or nore MSR values). In particular, the high quality factor a HQ may be
made depewoent3/mame9a Spectral Fl atness Measure (SFM of wvhe/EPeeicysd3 FM
radio stereo signal. As outlined in WO PCT/ EP2011/ 064077, a so called 15SFM
i npact factor which is normalized between 0 and 1 may be determ ned. A SFM
i npact factor = 0 may correspond to a t8W-SFM val ue indicating a power
spectrum of the side signal S for which the spectral power is concentrated
in arelatively small nunmber of frequency bands. |I.e. a SFM i npact factor

of "0" indi cdeawted thahthegedveohemdined. fodnulaHer axrhiiningdhel effactsEfA®E0i npact
factor of "1" corresponds to h SFM val ge i ndi cating that the spectrum

has a s:cm | aMIARBER %'BhGHé\}étb’?ff‘ﬂo ko §ﬂ€(§"t“l? F'}YH%HHQ’ Onécﬂ%é'alfe‘f’@yh aﬂ SFM
"1 .

QUBI ity fact :99“5"”'%”}% e Bicnl e i o) Fray i oy "2y

I npact factorg™® @ﬁtWaﬁgnyﬁy Bé B'né’ﬂd(}%l% aetet h&%éefcﬁ:% o a HXx 0

(indicating a f’%w gua | ty, degree noi se) M i npact

factor =15(i RgHef@bbihmal dMdldé §PgﬂblsQfav8%t$1@rﬂéttsfbe@trb%ﬂdfa%@!o\éé% FMradio
stereo signal) and vice versa. It should - - be noted that the above

nentioned forematgy. ncaucbeabes itig ntimienuef M&R\galmé yt.hés yBRalaslese o Q#B qual ity
factor aHQ and the SFM is only one possi bl e way of conbini nl% t he two noi se

i ndi cators t §€8PoP #EN{TiraaE fnaUt @f.agw Rigiapisey it thsrregeives FiHadisp npact
factor my beyhenelhl 3he Ll A0LRS SR3ET oGl Rk biyand i de

signal s have Ta ectra 0S€ Fn ch cases,

the m ni mum 'X% Il’&%&gr XCIHS il ¥rPe I9§ rt%egéi&g? bE/Bas%endlng process described

10 above.

In the following another option for enhancing the methods and systems

for HQ detection is described. A modified high quality factor «'y, may be

determined by affecting the high quality factor «,,, by the total side level S,

as a soft noise gate, i.e. the total level (i.e. the energy or power) of the side
15  signal which may be determined as the energy of the side signal (across all

frequency bands). As such, the modified high quality factor «'y, may be

determined according to:

aI,"[Q = ggateaHQ' Where
0 , if S, <S THRES LOW
Egare = 1 , if S, >S THRES HIGH

S-S THRES LOW
S THRES HIGH —S THRES LOW

, Otherwise

20
The thresholds S THRES LOW and § THRES HIGH may be used to
normalize the gate factor g, to values between O and 1. FM signals with side

signals which have a level S, <S8 _THRES LOW are considered to be of



despite a significant anount of audible noise within the received FMradio
stereo signal. The nodified high quality factor a' HQ may repl ace the high
qual ity fwotor3/eabsd1i n the PS processing/ bypass bl endi ngCpmre@zsctescri bed
10above. In the foll owi ng another option for enhancing the nethods and
systens for HQ detection is described. A nodified high quality factor a' HQ
may be determined by affecting the high3quality factor aHQ by the total
side | evel Ssumas a soft noise gate, i.e. the total level (i.e. the energy
or power) of the side 15signal which may be determ ned as the energy of the
si de signal (ewnosldyalhertasMegnalbaiibds)de tgnadsiwhichthage adeveli ed hi gh

quality factof a' ma e _determ ned_according to: aHQ= ggateaHQ , where
0 ggate =1 sgwREg?LTéC@(%P THES OREPe of Bigmgeedy o |, if S.,. < S THRES LOW

, if Ssum> S THRES HHGH , otherwise The thresholds S THRES LON and S
THRES H GH may RBeolisedption frommeNidling anleahgated fl@oketactigy dlgaribhmas teelst bet ween

0 and 1. FMsignals with side
the high quality factor «,, be affected by the output of a concealment

5  detector as described e.g. in WO PCT/EP2011/064084. A modified high

quality factor «';,, may be determined by taking into account if concealment is

active within the prediction-based FM radio noise reduction system, in order to

conceal undesirable mono dropout situations of the FM receiver. The modified

high quality factor a'y,, may be determined according to a';, = (1= 8,500 )up »

10 where & =1 if concealment is active, and where otherwise & =0.

conceal conceal

This means that a received FM radio signal is certainly considered to be of low

quality (o', = 0) if the concealment is active within the prediction-based FM

radio noise reduction system, otherwise the quality of the received FM radio

signal is estimated based on the calculated value of the high quality factor

15 a0 - In order to avoid (audible) discontinuities when recovering from the

concealment state (i.e. =1), i.e. in order to ensure a smooth transition

conceal —

of the modified high quality factor a',,, from O to a non-zero value, the

minimum MSR value y_. may be forced to y_, = MSR_LOW

whenevero =1, such that the smooth transition is ensured by the

conceal

20  smoothing method of step 104 of Fig. 5. As a result of making the high quality

factor dependent on the concealment state & a fast switching to the

conceal !

mode using prediction-based FM radio noise reduction (i.e., a fast transition to
FM radio noise reduction processing for the sudden occurrence of a bad
reception condition), and a slow blend back to the bypass mode (when

25  reception conditions have improved) can be implemented.

In the following, another option for enhancing the HQ detection methods
is described. The MSR values y, may be adjusted for largely panned signals,

according to:



signals which have a level Ss. < S THRES LOWNV are considered to be of WO
2013/ 045691PCT/ EP2012/ 069323 - 30 - low quality, whereas FM signals with
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Anot her option for providing an enhanced HQ detection algorithmis to |et
the high quality factor a HQ be affected by the output of a conceal nent
S5det ector as described e.g. in WO PCT/ EP2011/064084. A nodified high
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conceal ment is active within the prediction-based FM radi o noi se reduction
system in order to conceal undesirable no pout situations of the FM
recei ver. The nodified high qwélﬂ'%kw;ﬁadﬂtﬂgog ﬂray be determ ned
according to a' ,,Q (1lconceal)a HQ 10where c% eal 1 if concealnent is
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nodi fied high quality factor a° HQ fromO to a non-zero value, the m ni num

MSR value y nun may be forced to y LOW whenever conceal 1 such
that the snooth transition is ensdr H%Otiygltggg*%)smot hi ng nmet hod of step 104
of Fig. 5. As a result of nmaking thel high ty factor dependent on the
conceal ment state conceal a fast switching to the node using
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Consequently, the MSR values y, are increased for heavily panned signals

10 having a significant energy difference between the left side signal L and the
right side signal R. Such a heavy difference between the L and R signals leads

to a side signal S having a relatively high energy, even though the side signal S
does not comprise noise. By increasing the MSR values y, , the minimum MSR
value y . is increased, thereby increasing the high quality factor a,

15 Consequently, the use of the parameter A helps to avoid false detection of low
quality signals from strong side signals S which are due to wide (music) stereo

mixes and stereo widening post-processes.
It should be noted that the above mentioned options for determining a
modified high quality factor a,,, can be used standalone or in an arbitrary

20 combination with each other.

Furthermore, it should be noted that the high quality factor o, can be
used to adjust the parameters a and b in the prediction-based FM stereo radio
noise reduction system. In particular, the limitation factor ¢ may be affected by

the quality indicator a,, . This can be done e.g. according to:

25 = rnax(l, (az n bZ)(lfaHQJrS))



25reception conditions have inproved) can be inplenented. In the

foll ow ng, another option for enhancing the HQ detection nethods is

descri bedwODhs/MBR1val ues yk may be adjusted for |argel pCpare@d/osidghal s,
according to: - 31 - y'k=yk+A =10logio Dmik pS k The paranmeter A

I ndi cates a degree of the panning of the received FMradio stereo signal.
The paraneter A may be determined fromBBe ratio of the energy of the
received |l eft side signal L and the received right side signal R e.qg.
5according to with PL = 02} being the energy or power of the received |eft
si de signal avigreR isEhRItiobsl adjustivent ralugysmoall pomber)afrevansing@caidvied ri ght
side signal. .Consequent!ly, the R val ue re increased for heavily
panned o1 gnall ST GNANY Ay retdpbEdaee sy B LR heRDaaehaEn the 1 ot
side signal L, and ,ti!é?vxfhgﬁlﬂltle RddRed FN&ion Al corrrided aN6R el drologiace between
the L and R si'§nal’s Teads to a side signal S having a rélatively high
energy, even though the side signal S does not conprise noise. By

i ncreasi ng the NBRPUEPASEPT AKIMItiAg furickiPAngnf Bk ¢ap Lwhighidepepds eated, t her eby
i ncreasing the high quality factor a "Q 15Consequently, the use of the

par anmet er SA by indicatobiog, f islte dmiled aod bdar afow awality FM signal (a,, close

to zero) while not (or only slightly) limiting a and b for a high quality FM signal

(ay, close to one). It should be noted that the above mentioned function for

modifying the limitation factor in dependence of the quality indicator Qo

approximates the first function (1) of ¢ for a, =0, the second function (2) for
10 a0 =0.5, and “no limiting” of the parameters a and b is performed for

a o =1. Furthermore, it should be noted that the above mentioned formula is

only one example of implementing a modified limitation function which takes

into account the quality of the received FM signal.

The selection or the merging of the noise-reduced side signal S’ and the

15 bypassed side signal S illustrated in Fig. 3 may be performed in a frequency
selective manner. A possible implementation would comprise the following
modifications to the block diagram of Fig. 3. The block diagram in Fig. 3 could
be modified such that the gain units 30, 31 and the merging unit 32 would be
performed in the QMF domain prior to the side signal synthesis filter bank

20  “QMF1” 72. Furthermore, the input to the bypass gain unit 30 could be the
output of the “QMFs” analysis filter bank 73. This would mean that the filter
bank 73 is in the signal path in case of pass-through, and hence has the same
accuracy requirements as the “QMF” analysis filter bank 71. The QMF
synthesis filter bank 72 could be used to convert the merged side signal

25  (downstream of the merging unit 32) into the time domain.

In an alternative embodiment, the frequency selectivity may be restricted
to two frequency bands, i.e. a high frequency band and a low frequency band.

In particular, the low frequency band may be fixed to the bypass path, i.e. the



quality signals fromstrong side signals S which are due to w de (mnusic)
stereo m xes and stereo w deni ng post-processes. It should be noted that

t he abovewoentiwms@d options for determining a nodified RCEEPqUaI069393 f act or
aHQ can be used standal one or in an arbitrary 20conbi nation with each
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10 measure can be applied by modifying the parameter b as follows:
b_new = (1 - SMF_impact_factor) * b.

This means that a SFM_impact_factor = 1 would force b_new = O. For an
SFM_impact_factor = O, b would remain unchanged. As such, in case of a side
signal with a high spectral flatness (indicative of a noisy side signal) with

15 SFM_impact_factor = 1, no decorrelation is added to the noise-reduced side
signal S’, such that the noise-reduced side signal S’ corresponds to a scaled

version of the received mid signal, i.e. a*M.

In the following, examples for determining a SFM _impact _ factor are
outlined. In typical received FM radio stereo signals, the power spectrum of
20  the mid signal M is relatively steep with high levels of energy in the lower
frequency range. On the other hand, the side signal S typically has an overall

low degree of energy and a relatively flat power spectrum.

Since the power spectrum of the side signal noise is rather flat and has a
characteristic slope, the SFM together with slope compensation may be used
25  to estimate the noise level within the received FM signal. Different types of
SFM values may be used. l.e. the SFM values may be calculated in various
manners. In particular, the instantaneous SFM value, as well as a smoothed
version of the SFM may be used. The instantaneous SFM value typically

corresponds to the SFM of a signal frame of the side signal, whereas the



The sel ection or the nerging of the noise-reduced side signal S and the
15bypassed side signal Sillustrated in Fig. 3 may be perforned in a

f requencyweeabsa4sese manner. A possi bl e inpl ement ati on weardErPe@rpsd3ze t he
followi ng nodifications to the block diagramof Fig. 3. The bl ock diagram
in Fig. 3 could be nodified such that the gain units 30, 31 and the nerging
unit 32 would be perfornmed in the QW ddfimin prior to the side signal
synthesis filter bank 20"QW-1" 72. Furthernore, the input to the bypass
gain unit 30 could be the output of the "QWs" analysis filter bank 73.
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5WO PCT/ EP2011/ 064077 descri bes techni ques reduce or renove undesired
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force b_new = 0. For an SFM.i npact _factor = 0, b would remai n unchanged. As

such, in case 0fin@ s§bsyRinGERI, el dhafadibldlicalssd sfahe bakhgsstlinnef cati ve of
a noisy side signal) with
side signal noise may be compensated. The characteristic slope may be
determined experimentally (at a design/tuning phase), e.g. by determining the
15 average power spectrum of the side signals of a set of mono signals.
Alternatively or in addition, the characteristic slope may be determined
adaptively from the current side signal, e.g. using linear regression on the
power spectrum of the current side signal. The compensation of the
characteristic slope may be performed by an inverse noise slope filter. As a
20 result, a slope compensated, possibly flat, power spectrum should be
obtained, which does not exhibit the characteristic slope of the power

spectrum of a side signal of a mono speech audio signal.

Using the (slope compensated) power spectrum, an SFM value may be

determined. The SFM may be calculated according to

25 SFM = ["0



15 SFM.inpact _factor = 1, no decorrelation is added to the noi se-reduced
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range. On the other hand, the side signal S typically has an overall |ow
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For reasons of limiting the computational complexity, the SFM formula
may alternatively be replaced by numerical approximations of it based on e.g.
a Taylor expansion, look-up table, or similar techniques commonly known by
15  experts in the field of software implementations. Furthermore, there are also
other methods of measuring spectral flatness, such as e.g. the standard
deviation or the difference between minimum and maximum of the frequency
power bins, etc. In the present document, the term “SFM” denotes any of

these measures.

20 Using the SFM value for the particular time period or frame of the side
signal, an impact factor can be determined. For this purpose, the SFM is
mapped, e.g. onto a scale of O to 1. The mapping and the determination of an

SFM impact factor may be performed according to

O ’ SFM < alowithresh
SFM - alowithresh

SFM _impact _ factor = s iy giresh SSFM <t e

a high _thresh — a low _thresh

1 ° SFM > ahighithresh
25

wherein the two threshold values tiow_thresh @nd Othigh_thresh are selected in

accordance to the average range of SFM values which are typically ranging



t he correspondi ng paraneters a and b. In a subsequent step, the
characteristic slope of the power spectrum of side signal noise nay be
conpensatw0.20lBasemhar act eri sti c sl ope may be determ nedprexpeeimmndsas | y (at
a design/tuning phase), e.g. by determ ning the 15average power spectrum of
the side signals of a set of nono signals. Alternatively or in addition,
the characteristic slope may be deternided adaptively fromthe current side
signal, e.g. using linear regression on the power spectrum of the current
side signal. The conpensation of the characteristic slope nay be perforned
by an i nver séromoDsktos).8pknd inpirepurppse af the nogwalization stdgepe te engiea skated,
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WO PCT/EP2011/064084 describes techniques to conceal short
intervals of mono reception of the FM receiver 1 by means of a reliable mono-
10  detector in combination with a mechanism which uses previously estimated
stereo parameters to generate a noise-reduced FM stereo signal during such
mono time intervals. The techniques outlined in WO PCT/EP2011/064084
can also be applied to the prediction-based FM radio noise reduction system

described in the present document.

15 As indicated above, the FM receiver 1 may toggle between stereo and
mono due to time-variant bad reception conditions (e.g. “fading”). To maintain
a stereo sound image during mono/stereo toggling, error concealment
techniqgues may be used to conceal short mono dropouts. An approach to
concealment in prediction-based FM radio noise reduction is to use prediction

20  and decorrelation parameters a and b which are based on the previously
estimated parameters in case that new parameters @ and b cannot be
computed because the audio output of the FM receiver 1 dropped down to
mono. Thus, when the FM stereo receiver 1 switches to mono audio output,
the prediction-based FM radio noise reduction system of Fig. 3 continues to

25  use the previously estimated parameters a and b (individually for each
frequency band). If the dropout periods in the stereo output are short enough
so that the stereo sound image of the FM radio signal remains similar during a
dropout period, the dropout is not audible or only scarcely audible in the audio
output of the apparatus 2. Another approach may be to interpolate and/or

30  extrapolate the parameters a and b from previously estimated parameters. In

case, FM reception does not return to stereo quickly enough, the parameters
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signal. By way of example, the classifier may be configured to classify the

received FM radio signal as a speech signal or as a music sign

al (e.g. based

on a frequency analysis of the received mid signal). The prediction-based FM

stereo noise reduction system may then select appropriate val

ues for the

parameters a and/or b based on the determined type of the received FM radio

15 signal. As such, a mono dropout of the received FM radio signal may be

concealed using (type dependent) default parameters values.

The use of concealment within the prediction-based FM radio noise

reduction system requires the reliable detection of mono dropouts, in order to

trigger concealment, i.e. in order to set the concealment state

o from O to

conceal

20 1. A possible mono/stereo detector could be based on detecting mono

sections of the signal which meet the condition left signal = right signal (or left

signal - right signal = 0). Such a mono/stereo detector would,

however, lead

to an instable behavior for the concealment process, due to the fact that the

left signal and right signal energies, as well as the side signal energy, can

25  fluctuate a lot even in healthy reception conditions.

In order to avoid such instable behavior of the concealment, the

mono/stereo detection and the concealment mechanism could be

implemented as a state machine. An example state machine is illustrated in

Fig. 6. The state machine of Fig. 6 makes use of two reference levels of the

30  absolute energy of the side signal S, i.e. Es (or PS as defined above). The side
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reliable nono- 10 detector in conbination with a mechani sm which uses
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bad that only a I'S Técerved. e tvalues dependent

upon a speech/ nusérencé Ry def Gagh. Ihe bpehefevedcsicgBiahay b rerehred tovas ds, the

predi ction-based FM stereo noi se reducti on system may conprise a classifier
for the higher threshold.

— Condition B indicates that the side signal energy Es is lower than or equal
to the upper reference level ref_high and higher than or equal to the lower
20 reference level ref_low. The lower reference level may be referred to as the

lower threshold.

— Condition B1 corresponds to condition B, but adds an additional time
condition. The time condition stipulates that condition B is met less than a
threshold number of frames or less than a threshold time. This threshold

25 may be referred to as the frame threshold.

— Condition B2 corresponds to condition B, with the additional time
condition stipulating that condition B is met more than or equal to the

threshold number of frames or more than or equal to the threshold time.



classifying the type of received FMradio signal based on the received md
10signal. By way of exanple, the classifier may be configured to classify
t he receiwedoBM4s@di o0 signal as a speech signal or as aPowgiPeoigiogrsas (e. g.
based on a frequency analysis of the received md signal). The

predi cti on-based FM stereo noi se reducti on system may then sel ect
appropriate values for the paraneters a3d9nd/or b based on the determ ned
type of the received FMradi o 15signal. As such, a nono dropout of the
received FMradi o signal may be conceal ed using (type dependent) default
par anmet er s val u@ondition Clindicatss tbat thersidzasigrealtenergdytiisris tdwer pnadihetlower based
FM radi o noi se ! duct emrequires the reliable detection of nono
dropouts, in ork ‘?reﬁﬁe%ryfa@égflo%onceal nent, i.e. in order to set the
conceal ment state conceal fromO to 201. possi bl e nono/ st ereo detector

A
coul d be based GH'AEIBYE: Hig %Ht?'%%t@f‘? 6}%“'(919 of g Singaras Wi AiVeeet t he
condi tion | efstias gl gifferehOétated &B@%ac(h% éu%féct?d @eabove méHtongy gnal = 0).

Such a nono/ stereo detector woul owever, |lead to an instable behaV| or
for the cénceahditinns pn@eelsjss:ttdabestate d@gfannllusnateotlhérlg@‘tThef@i@aAand ri ght
si gnal energl e e si,de sig 25f | uct uate a | ot
ovan i n hear cRjoneeiTrba s g ARBrertSEhE v iR 0 E BTN netabl e
behavi or of tHagedeNCRAloEBieo fdke ANEIST Sistaondet ection and the conceal nment
mechani sm coul d be inplenmented as a state machine. An exanple state nachine

is illustrated in I gatd1 nbiRafdtdlicd d’&‘?é‘t'id?ﬁs‘bferfghﬁed Q. @%@éd BRghOf two

reference | evels of the 30absolute energy of the side Signal S, i.e. Es (or
Ps as defi ned abovepranéferssd ded b-wiad@h aresigjeraningd freputhesugrent alidioe Es may

have been hi gh pass. flltered with a cutoff fre uency of typically 250 Hz.
These reflérence | e¥&N8l EP%C%W%HB%’P“F%‘%% engd® @U@I tOaf high and a | ower

reference | evel ref |ow Above the upper reference level (ref_high) the
signal is consider édstate Beoshearstoredrubebeaticovis eefoloee baseedretence | evel s
(ref low) it is considered to i

The side si naI y Es is
CLrTl ot ad a5 o CoRsrametas: & aed AT viined op Mscleaimanel Sendmiits

cal cul ated over a tsta‘{@lé%d?ﬁﬂ%élﬂ@ﬁalclﬁqﬂléivéfl%e fEQTth8SARA cbRyitibe Blis M peri od
of validity of the paraneters a and b. In other words, the frequency of

deternining the si ﬁéatwgmauméﬁe@fg‘yam@s/mee wangrf@muabtqth@f@mer equency of
det er m 59 the pairﬁggﬁo% %r%r%qgmg'm Qtlllg}jl Sr gcﬂj lt'ff)eﬁe tlrﬁg&r&ﬂﬁd (i.e.

condition B2) or prior to this lapse of number of frames or lapse of

time, condition A or C is met. The concealment state & remains

conceal

at 0.

— In state 3 stereo operation is performed based on the parameters a
20 and b determined on the current audio signal. It can be seen that
state 3 can be reached on a path going from state 1 via state 2 to
state 3. In view of the fact that condition B2 requires a minimum
number of frames or a minimum amount of time for the transition, the
path “state 1, state 2, state 3” represents a slow, i.e. smooth,

25 transition from a normal stereo operation (e.g. music) to a normal

mono operation (e.g. speech). The concealment state o is set to

conceal

or remains at O.

— In state 4 mono dropout concealment is started using previously

determined parameters a and b, e.g. the most recent parameters a



period for determ ning the side signal energy Es (and possibly the
paraneters a and b) is referred to as a signal franme. The state nachi ne of
Fig. 6 conprisagsdiive conditions, which are verified ea®hTiEPa®206828NEr gy
Es of a new frame is cal culated: 15Condition A indicates that the side
signal energy Es exceeds the upper reference |level ref_high. The upper
reference level may be referred to as tA@-hi gher threshold. Condition B

i ndicates that the side signal energy Es is | ower than or equal to
t he upper reference level ref _high and higher than or equal to the | ower
20r ef erence | evel pafl blwhich Waee detaeminedfies@ine &. It eoebesagn bwtsédterred to as

the | ower threshol d. ndi ti Bl rpesponds, to condition B, but adds an
el t o 1m0 San bRas et SEOE LRI LB buRBy Be. Dol on B
is met |ess than aside signal ehéviggEhete@pyuirbes froim dooasesf_Aighltessidwhan a

threshold time. This threshold 25may be referred to as the frame threshol d.
Condi ti on B2 cor r e&3folods Alanabyely 1St 4carpe reached Ham sehhviasta dondi ti on

stipul atigg that  cqBglbid:0fyBircdniRibn 8 SaddiFofl] 298 Rhinity bhakegshol d

nunber of frames or nore than or equal to t

2013/ 045691PCT/ EP20dr2inD6D 323t ped®d of timEokedsuchothe@dthgl | stateek stdtatd”t he si de
signal energy Es is | q han the l.ower reference, l.evel ref |ow

Further nore. e eRApHES ot RatTiRe PRGN ik s tuBbdrrRIbe st at es.
The different state®nds @ofreAGIGdoDpBiRBh (8. MSicRROY Bor&Nioabed 5Scondi tions
and subject to the state diagramillustrated in Fig. 6. The foll ow ng

actions are typi caPPgrapenf drereeradrmeneorerpiien Enypisa it & WthAIFM t he
predictiqp-based FMJIad qnidhSoPOdMbR St G CutL8H BNSLiBESignal if the level

or strength of the 19 kHz pilot tone in the stereo multiplex signal falls
below a pre-determined level, thus making reliable demodulation of

the side signal from the received stereo multiplex signal impossible.

The concealment state & is set to 1, in order to indicate the use

conceal

15 of concealment within the prediction-based FM radio noise reduction

system.

— In state 5 mono dropout concealment is continued e.g. based on the
parameters a and b which have been established in state 4. In the
illustrated embodiment, state 5 can only be reached from state 4 if

20 condition C is met, i.e. state 5 represents the stable mono dropout
concealment state, where previously determined parameters a and b
are used in order to generate a noise-reduced side signal from the
received mid signal. The parameters a and b may decay to zero with a
time constant of a few seconds, resulting in an output signal that

25 slowly transitions from stereo to mono. The concealment state

0 typically remains at 1.

conceal

As already indicated, the illustrated state diagram ensures that
concealment is triggered only if the audio signal received by the FM receiver
goes from stereo to mono within a few time windows/frames, i.e. if the

30  transition from stereo to mono is abrupt. On the other hand, trigging of



- In state 1 normal stereo operation is perforned, e.g. based on the
paraneters a and b which are determned fromthe current audi o 10si gnal .
The conceaDreersi04s49at e conceal renmmins at 0. In state 2 moTmeR0I2eI3ed
operation is perfornmed based on the paraneters a and b determ ned on the
current audio signal. This state is only transitional, in view of the fact
that either condition Bis nmet for a nufber of frames nore than or equal to
the frame 15 threshold or for a tinme nore than or equal to the tine
threshold (i.e. condition B2) or prior to this |lapse of nunber of frames or
| apse of ti meoneeaiaient smprevanteddn Gasaevhefhiwerpisowidenvribe sidatségnal wéhceal
remains at 0. In te 3 stereo ratian.i erforned based on the
baraneters a IBRIT-Rl eRHhEe IR RehliteBebe HeoaBE BRETWITedln be seen
that state 3 casss WRelcahehad samsarfiprhbingeingionnatmistiad sidd sighaldtate 2 to
state 3. In view of the fact that condition B2 requires a m ni num nunber of
frames or a WEAfTALRPBRARORHAIEITAreMREETs randhe AL RIS HAe, BV Whemthest ate 1,

state 2, stalgnd| cHHREST g‘?gte?eosﬂopd’y nt%oeega vﬁ%‘ﬂ%?siﬁﬁéﬁrrmstfim i} gfnga

normal stereo operation .0. nusic nor ma no operation
speech). The tcopesdl, trentonsealimendidetantiealwili sotde triggered, thengbyrensating. - I n
state 4 nono drt&Rout. copceal me}%] i tarted, usi reviously determ ned

Sacaneters o taidhe ohighal'meRa et shel idideRdy e fl BRI St sBEREIE Lni ch

were determ R@ehd &rr&iediug abpliddtiohaT cbRcsARBNE hatausheHir tharsabntorheached from
state 1 directly, if condition Cis net, i.e. if the side signal energy Es

steeply drop$taFeie AWHeEan e datetied basrd onarserodtbianalioephticisiddy, state 4
can be r%@“%%n%\é%ﬁ@%& fromh é(t#o%%@%%rhzt%) pelNRY86w, Only if condition Bis

met for only n er of tranes or onl'y a short period of tinme. As
such, the paths

represent a fastlrgﬁ}teé‘ér. S%rgr(f?tﬁg %n%tnF'én@fgﬂloéngrﬁ%ﬁéle’én ﬁ&éﬁl@r&"s’}@h E)eog:arati on

(e.g. nusic) gerceptiliapeedrmamse fiFM eddio feceiVees havecitsknnauseripp®n@at i on i s
typically due to the FM 10 receiver which for exanple abruptly cuts off
the side sigmartiquiar aeqtaodpnedpysiemdagieiennininged nYskEedyser 5M $16/R° i n t he

stereo mul {1 Rl 5iiaRalorEdlich BEleA oA 1R ABh Medohitkehy SIS maki ng

reliable deno ati1on of e side sign fromthe recelved stereo nultiplex
si gnal i nposgirédietionfihaseddiM ezdiorpnise seditatiob systroedie ¢ampetatiomall, in order to
i ndi cate the use 150f conceal ment

within the predicti or;i-ng ed%f%radi o]
o1 se. r educt CONPLET S GENTITs At g B P Pakek B RTBoTed nt | nued
e.g. based onadib@oRRradBdtRINSsysted Fubthehh6fe, havicushaeihoas Fainpsdaek the st ate
4. In the illustrated enbodi nent, state 5 can only be reached fromstate 4
i f performance of the prediction-based FM radio noise reduction system have
been described. In particular, the use of a quality indicator has been
20  described to blend between the noise-reduced side signal and the original
side signal. Furthermore, a method for adapting parameters of the prediction-
based FM radio noise reduction system to the spectral characteristics of the
received side signal has been described, thereby reliably distinguishing
between noisy and good reception conditions. In addition, a concealment
25  method has been described in order to adapt the prediction-based FM radio

noise reduction system to mono dropout situations.

The methods and systems described in the present document may be
implemented as software, firmware and/or hardware. Certain components
may e.g. be implemented as software running on a digital signal processor or

30 microprocessor. Other components may e.g. be implemented as hardware and

or as application specific integrated circuits. The signals encountered in the



20condition Cis net, i.e. state 5 represents the stable nono dropout
conceal nent state, where previously determ ned paraneters a and b are used
in order wo2gsmes@iie a noi se-reduced side signal fromtreTmPe@wess23m d
signal. The paraneters a and b may decay to zero with a time constant of a
few seconds, resulting in an output signal that 25slowWy transitions from
stereo to nono. The conceal nent state 642oncealtypically remains at 1.

As already indicated, the illustrated state diagram ensures that

conceal ment is triggered only if the audio signal received by the FM

recei ver goeslesergradsmethods vodsystemsirnay be atoredon mesliasuricassrandarmes, i.e. if
t he 30tranS|t|on fromstere t he otQ;r hand, trigging

e 0 etk bR RL S e R ph g R ey B4 e

8ise in the
si de si gnal Wetwores esugy aE&abnelr@wwmg,rs%amelh@vmétw()ﬂ@fwhelgbé nétworikbeve nono
| evel (ref_low), i.e. in cases where there is still sufficient information

within the sW‘ﬂ@“ﬁ?@ﬁ'@Nork% &2 ibe HiterngpJyeisel davicesanaiied B3 0thgnd b. At the
sanme tinmes e e.g. when the
si gnal trgns&?sh§@%gn%§ﬁ$%%%geghg%?ﬁﬂgﬁ%g&%gﬁgggﬁﬁgﬁt%gzgect|on will not be
triggered, thmﬂmmmmshyumsmgoﬂhﬂmonhﬁnewwgnmmbnMWmohsﬁgmﬁmum§mmﬁ render ed
into an artlfl i,al stereo,.sSi ql due to the erroneous application of

conceal nent . @ /%U?Hgﬁﬁ@%m??%ﬂgﬁtion fromstereo to nono can be detected
based on a snnoth transition of the side 10signal energy Es from above

ref _high to below ref_I| ow. In the present docunment, a nethod and system
for inproving the perceptual performance of FMradi o receivers have been
described. In particular, a nethod and systemfor determning a

noi se-reduced FM stereo signal using a prediction-based approach have been
described. By using a 15prediction-based FMradi o noi se reduction system
the conputational conplexity for noise reduction can be reduced conpared to
a PS-based FMradi o noi se reduction system Furthernore, various nethods
for inproving the performance of the prediction-based FMradi o noise
reducti on system have been described. In particular, the use of a quality

i ndi cat or has been 20descri bed to bl end between the noi se-reduced side
signal and the original side signal. Furthernore, a nethod for adapting
paranmeters of the prediction-based FMradi o noise reduction systemto the
spectral characteristics of the received side signal has been descri bed,
thereby reliably distinguishing between noi sy and good reception
conditions. In addition, a conceal nent
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Claims

1. An apparatus (2} configured 10 reduce noise of a received multi-channel

FM radio signal: wherein the received multi-channel FM radio signal is

representable as a received mid signal and a received sidé signal; wherein

the received side signal is indicative of a difference between a left signal

and a right signal of the received multi.channel FM radio signal; the

apparatus (2) comprising

a parameter determination unit (77) configured to determine one or
maore parameters indicative of a correlaticn and/ar decorrelation
between the received mid signal and the received side signal; whereain
the parameter determination unit (77) is configured to determine a
decorrelation parameter £ indicative of a decarrelation between the
received mid signal and the received side signal; and

a hoise reduction unit (72) configured to generate a noise-reduced side
signal from the received mid signal using the one or more parameters;
wherein the noise reduction unit (79) is configured to generate the
noise-reduced side signal also from a decorrelated version of the
received mid signal using the decorrelation parameter b; wherein the
received side signal is not in a signal path for the generation of the
noise-reduced side signal.

2. The apparatus {2) of claim 1, wherein

the parameter determination unit (77} is configured to determine a
prediction parameter a indicative of a cross-carrelation between the
received mid signal and the received side signal; and

the noise reduction unit (79) is configured to generate the noise-

reduced side signal from the received mid signal using the prediction
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parameter a.

. The apparatus (2) of claim 2, wherein the parameter determination unit

(77) is configured to determing the prediction parameter a based on an
expectation value of a product of corresponding samples of the received
mid signai and the received side signal.

. The apparatus (2) of claim 3, wherein the parameter determination unit

(77} is configured to determine the prediction parameter a as
a = E[S*M]/E[M*M],
wherein E[] denctes the expectation operator, S is the received side signal

and M is the received mid signal.

. The apparatus (2) of any of claims 2 to 4, wherein the parameter

determination unit (77) is configured to determine the decorrelation
parameter b based on the energy of a difference signal of the received
side signal and a signal determined from the mid signal using the

prediction parameter a.

. The apparatus (2) of claim 5, wherein the parameter determination unit

(77) is configured to determine the decorrelation parameter b as
b = sqri(E[D*DIYE[M*M])

with D=8-*M being the difference signal.

. The apparatus (2) of any of claims 4 to 6, wherein the noise reduction unit

{79) is configured to generate the decorrelated version of the received mid

signal by filtering the received mid signal using an all-pass filter.

. The apparatus (2) of any of claims 4 to 7, wherein
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- the parameter determination unit (77) is configured to determine an
impact factor characteristic of the spectral flatness of the received side
signal; and

— the decorrelation parameter b is dependent on the impact factor.

9. The apparatus (2) of claim 8, wherein the decorrelation parameter b
decreases as the impact factor indicates an increasing degree of spectral
flatness of the received side signal,

10.The apparatus (2} of any previous claim, wherein
- the parameter determinaiion unit (77) is configured to determine the
one or more parameters in a time variant manner; and
— the noise reduction unit (79) is configured to generate the noise-

reduced side signal using the one or more time variant parameters.

11.The apparatus (2) of claim 10, wherein

- the parameter determination unit (77) is configured to determine, for a
first of the one or more parameters, a sequence of first parameters for
a corresponding sequence of time intervals; and

— a particular first parameter of the sequence of first parameters for a
particular time interval of the sequence of time intervals is determined
using samples of the received mid sighal and/or the received side
signal which lie within the particular time interval.

12.The apparatus (2) of claim 11, wherein the parameter determination unit
(77) is vonfigured to determine a sequence of interpotated first
parameters by interpolating adjacent first parameters from the sequence
of first parameters.

13.The apparatus (2) of any of claims 10 to 12, configured ta detact that the
received multichannel FM radio signal is a forced mono signal by
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determining an energy of the received side signal within a first time
interval of the sequence of time intervals; wherein the energy is above
a high threshold;

determining a transition period of a number of following successive
time intervals during which the energy of the side signal drops from a
value abave the high thrashold 10 a value below a low threshold; and
determining that the received multi-channel FM radio signal following
the first time interval is a foreed mono signal if the number of
successive time intervals of the transition period is below an interval
threshaold.

14.The apparatus of claim 13, wherein if it is detected that the received multi-

channel FM radio signal in a time interval fallowing the first time interval is

a forced mono signal, the parameter determination unit (77) is configured

1o determine the one or more parameters for the time interval following

the first time interval from the one or more paramsters for the first time

interval,

15.The apparatus (2) of any previous claim, wherein

the parameter determination unit (77) is configured to determine the
ane or more parameters in a frequency variant manner; and

the noise reduction unit (789) is configured to generate the noise-
reduced side signal using the one or more frequency variant

parameters.

16.The apparatus {2) of claim 15, further comprising

a mid transform unit (7 1) configured to generate a plurality of mid
subband signals covering a corresponding plurality of frequency ranges

from the received mid signal; and
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— a side transform unit (73) configured to generate a plurality of side

subband signals covering the corresponding plurality of frequency
ranges from the received side signal; and

wherein the parameter determination unit (77) is configured to determine,

for a second of the one or more parameters, a plurality of second subband

parameters from the corresponding plurality of mid subband signals and

the corresponding plurality of side subband signals.

17.The apparatus (2) of claim 16, wherein the side transform unit (73) meets

lower requirements than the mid transform unit (71) with regards to at

least ane of:

frequency selectivity;
frequency resolution;
time resolution; and

numerical aceuracy.

18.The apparatus (2) of any of ¢laims 16 to 17, wherein

the noise reduction unit (79) is configured to generate a plurality of
noise-reduced side subband signals from the corresponding plurality of
mid subband signals and the carresponding plurality of second
subband parameters; and

the noise reduction unit (79) comprises an inverse transform unit (72)
configured to generate the noise-reduced side signal from the plurality

of noise-reduced side subband signals.

19.The: apparatus {2) of any of claims 16 to 18, wherein the mid transform
unit (71) and/or the side transform unit (73) are QMF filter banks.

20.The apparatus (2) of any previous claim, wherein the parameter

determination unit (77) is configurad to limit the one or more parameters
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by applying to the one or more parameters a limitation factor ¢.

21.The apparatus (2) of claim 20, wherein, for ¢ > 1, the limitation factor ¢ is
proportional to the sum of the one or more squared parameters.

22.The apparatus (2) of claim 20, wherein, far ¢ > 1, the limitation factor ¢ is
proportional to the square root of the sum of the ane or mare squared

parameters.

23.The apparatus (2) of any of claims 20 to 22, wherein the application of the
limitation factor ¢ does not increase the one or more parameters.

24 The apparatus (2) of any previous claim, compriging
— a delay unit (74) configured to delay a sample of the received mid
signal by an amount of time carresponding to computation time
required to generate a corresponding sample of the noise-reduced side

signal.

25.The apparatus {2) of any previous claim, comprising a combining unit {30,
31, 32) configured to determine a modified noise-reduced side signal from
the noise-reduced side signhal and the received side signal using a quality
indicator indicative of the quality of the received multi-channel FM radio

signal.

26.The apparatus (2) of claim 25, wherein the combining unit (30, 31, 32)
comprises
— anoise-reduced gain unit (31) configured to weight the noise-reduced
side signa!l using a noise-reduced gain;
— @& bypass gain unit {30) canfigured to weight the received side signal
using a bypass gain; and
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- amerging unit (32) configured to merge the weighted noise-reduced
side signal and the weighted received side signal; wherein the noise-
reduced gain and the bypass gain are dependent on the quality
indicator,

27.The apparatus (2) of any of claims 25 to 26, wherein the combining unit is
configured to determine the modified noise-reduced side signal in a

frequency selective manner.

28.The apparatus {2) of any of claims 25 to 27, comprises a quality

determination unit (20) configured to determine the quality indicator by

— determining (101) a power of the received mid signal, referred to as
mid power, and a power of the received side signal, referred to as side
power;

~ determining (102) a ratio of the mid power and the side power, thereby
yielding a mid-to-side ratio; and

— determining {105) the quality indicator of the received FM radia signal
based on at least the mid-to-side ratio.

29.The apparatus (2) of any previous claim, comprising an MS-to-L.R converter
{76) configured to determing a noise-reduced |eft signal and a noise-
reduced right signal from the received mid signal and the noisereduced

side signal.

30. The apparatus (2) of claim 29, wherein the MS-to-LR converter (76) is
configured to determine
— the noise-reduced left signal from the sum of the received mid signal
and the noise-reduced side signal; and
— the noise-reduced right signal from the differencs of the received mid
signal and the noise-reduced side signal.
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31.A method for reducing noise of a received multi-channe! FM radio signal;
wherein the received multi-channel FM radio signal is presentable as a
received mid signal and a received side signal; the method comprising
- determining one ar more parameters indicative of a correlation and/or
decorrelation between the received mid signal and the received side
signal; wherein the one or more parameters comprise a decorrelation
parameter b indicative of a decorrelation between the received mid
signal and the received side signal; and

—~ generating a noise-reduced side signal frormn the received mid signal
using the one or more parameters, wherein generating the noise-
reduced side signal comprises generating the noise-raduced side
signal also from a decorrelated version of the received mid signal using
the decorrelation parameter b; wherein the received side signal is not
in & signal path for genarating the noise-reduced side signal.

32.A software program adapted for execution on a processor and for
performing the method steps of claim 31 when carried out én a computing

device.

33.A storage medium comprising a sofiware program adapted for execution
an a processor and for performing the method steps of claim 31 when

carried out on a2 computing device.

34.A camputer program product comprising executable instructions for
performing the method steps of claim 31 when executed on a computer.





