Met hod and Discrimnator for Classifying Different Segnents of a Signal
Background of the Invention The invention relates to an approach for
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in which the quantization error is con trolled using information from a
psychoacousti c nodul e, and an encodi ng stage, in which the quanti zed
spectral coefficients and correspondi ng side information are entropyencoded

using cgde tables. On the q}h r Q@nd t here ar enquers that are very well
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In the art, frequency domain coding schemes such as MP3 or

15 AAC are known. These frequency-domain encoders are based on
a time-domain/frequency-domain conversion, a subsequent
quantization stage, in which the quantization error is con-
trolled using information from a psychoacoustic module, and
an encoding stage, in which the quantized spectral coeffi-

20 cients and corresponding side information are entropy-
encoded using code tables.

On the other hand there are encoders that are very well
suited to speech processing such as the AMR-WB+ as de-
25 scribed in 3GPP TS 26.290. Such speech coding schemes per-
form a Linear Predictive filtering of a time-domain signal.
Such a LP filtering is derived from a Linear Prediction
analysis of the input time-domain signal. The resulting LP
filter coefficients are then coded and transmitted as side
30 information. The process is known as Linear Prediction Cod-
ing (LPC). At the output of the filter, the prediction re-
sidual signal or prediction error signal which is also
known as the excitation signal is encoded using the analy-
sis-by-synthesis stages of the ACELP encoder or, alterna-
35 tively, is encoded using a transform encoder, which uses a
Fourier transform with an overlap. The decision between the
ACELP coding and the Transform Coded eXcitation coding



or an open |l oop algorithm Frequency-domain audi o codi ng schenes such as
the high efficiency- AAC encodi ng scheng which conbi nes an AAC codi ng
schene amsoaospmaiznal bandw dth replication techni que mrgTaiPs@9be4360bi ned
to a joint stereo or a nmulti-channel cod ing tool which is known under the
term " MPEG surround". Frequency-domai n codi ng schenes are advantageous in
that they show a high quality at low bit rates for nusic sig nals.
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On the other hand, speech encoders such as the BAMR-WB+ also

15 have a high frequency enhancement stage and a stereo func-
tionality. Speech coding schemes show a high quality for
speech signals even at low bit rates, but show a poor qual-
ity for music signals at low bit rates.

20 In view of the available coding schemes mentioned above,
some of which are better suited for encoding speech and
others being better suited for encoding music, the
automatic segmentation and <classification of an audio
signal to be encoded 1is an important tool in many

25 multimedia applications and may be used in order to select
an appropriate process for each different class occurring
in an audio signal. The overall performance of the
application is strongly dependent on the reliability of the
classification of the audio signal. Indeed, a false

30 classification generates mis-suited selections and tunings

of the following processes.

Fig. 6 shows a conventional coder design wused for
separately encoding speech and music dependent on the
35 discrimination of an audio signal. The coder design
comprises a speech encoding branch 100 including an
appropriate speech encoder 102, for example an AMR-WB+
speech encoder as it is described in “Extended Adaptive



speech encoder as it is described in "Extended AdaptiveMiulti-Rate -

W deband (AVR-\WB+) codec", 3GPP TS 26.299 V6.3.0, 2005-06, Technical
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encoder 106 by means of a switch 112 shown schematically in
Fig. 6 and being controlled by a switching control 114. In
addition, the <coder design comprises a speech/music
discriminator 116 also receiving at an input thereof the
input audio signal and outputting a control signal to the
20 switch control 114. The switch control 114 further outputs
a mode indicator signal on a line 118 which is input into a
second input of the multiplexer 108 so that a mode
indicator signal can be sent together with an encoded
signal. The mode indicator signal may have only one bit
25 indicating that a datablock associated with the mode
indicator bit is either speech encoded or music encoded so
that, for example, at a decoder no discrimination needs to
be made. Rather, on the basis of the mode indicator bit
submitted together with the encoded data to the decoder
30 side an appropriate switching signal can be generated on
the basis of the mode indicator for routing the received

and encoded data to an appropriate speech or music decoder.

Fig. 6 is a traditional coder design which is used to
35 digitally encode speech and music signals applied to line
110. Generally, speech encoders do better on speech and
audio encoders do better on music. A universal coding
scheme can be designed by using a multi-coder system which



digitally encode speech and music signals applied to line 110. Generally,
speech encoders do better on speech and 4udi o encoders do better on nusic.
A uni ver SWP 206108 1schene can be desi gned by using a nulPCTEPIYE003§%Lt em

whi chswi t ches from one coder to another according to the nature of the
input signal. The non-trivial problemhere is to design a well-suited input
signal classifier which drives the switching element. The classifier is the
speech/ nusis&igicesi fnem el 1godewwhoi Anpthercaccogddingy ta thed i mdtere
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sanpl es at Hz ing rate s at speech/ nusi ¢ _discrinination
shoul d deIV&g%gggdec?grggkgvéﬁﬁfﬁéqgékﬁfe.{Qgefgﬁél il i §BcohROT AR
transi ti onfBetRgeAnt weadntdaer £ppd ifaatiorenpl e effected in a manner as
described in WO 2008/ 071353 A2 and the speech/ nmusic discrimnator should

not si ificant%x i ncrease the algorithm c delay of the sw tched decoders
I

whi ch ¥% i APt o¥&te13b0 sdnpiiés ApehBaE RS déPengovREadel 5l oreetidmicr the
speech/ nusieldiyscinfrirdaeed IbySSﬂHHtfyyéétﬁﬂm33%§;;%?i?&%?%ﬁﬂ?%r iés
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120 havi ngrealeftigime epp2048tsampl es, i.e. the long bl ock 120 conprises two
frames of 1024 sanples, an ACC short bl ock 122 of one franme of 1024
15 Fig. 7 illustrates the delays experienced in a coder design
as shown in Fig. 6. It is assumed that the signal applied
on input line 110 is to be coded on a frame basis of 1024
samples at a 16 kHz sampling rate so that the speech/music
discrimination should deliver a decision ever frame, i.e.
20 every 64 milliseconds. The transition between two encoders
is for example effected in a manner as described in
WO 2008/071353 A2 and the speech/music discriminator should
not significantly increase the algorithmic delay of the
switched decoders which is in total 1600 samples without
25 considering the delay needed for the speech/music
discriminator. It 1is further desired to provide the
speech/music decision for the same frame where AAC block
switching is decided. The situation is depicted in Fig. 7
illustrating an AAC long block 120 having a length of 2048
30 samples, i.e. the long block 120 comprises two frames of
1024 samples, an ACC short block 122 of one frame of 1024
samples, and an AMR-WB+ superframe 124 of one frame of 1024
samples.

35 1In Fig. 7, the AAC Dblock-switching decision and
speech/music decision are taken on the frames 126 and 128
respectively of 1024 samples, which cover the same period
of time. The two decisions are taken at this particular



sanpl es, and an AMR-VB+ superframe 124 of one frame of 1024 sanples. In
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restituted at the decoder side in any case (long or short
15 Dblocks).

In a switched coder using AAC as a music encoder, the
switching decision coming from a decision stage should
avoid adding too much additional delay to the original AAC

20 delay. The additional delay comes from the lookahead frame
132 which is needed for the signal analysis in the decision
stage. At a sampling rate of for example 16kHz, the AAC
delay is 100 ms while a conventional speech/music
discriminator uses around 500 ms of lookahead, which will

25 result to a switched coding structure with a delay of 600
ms. The total delay will then be six times that of the
original AAC delay.

Conventional approaches as described above are
30 disadvantageous as for a reliable classification of an
audio signal a high, undesired delay is introduced so that
a need for a novel approach exists for discriminating a
signal including segments of different types, wherein an
additional algorithmic delay introduced by the
35 discriminator is sufficiently low so that the switched

coders may also be used for a real-time application.
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15 Summary of the Invention

It is an object of the invention to provide an improved

approach for discriminating in a signal segments of

different type while keeping low any delay introduced by
20 the discrimination.

This object is achieved by a method of claim 1 and by a
discriminator of claim 14.

25 One embodiment of the invention provides a method for
classifying different segments of a signal, the signal
comprising segments of at least a first type and a second

type, the method comprising:

30 short-term classifying the signal on the basis of at
least one short-term feature extracted from the signal

and delivering a short-term classification result;

long-term classifying the signal on the basis of at

35 least one short-term feature and at least one long-
term feature extracted from the signal and delivering
a long-term classification result; and
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25

e extraction of ) )
feature extracted from the signal, the signal

comprising segments of at least a first type and a
second type;

a long-term classifier configured to receive the
signal and to provide a 1long-term classification
result of the signal on the basis of at least one
short-term feature and at least one long-term feature
extracted from the signal;

a decision circuit configured to combine the short-
term classification result and the long-term
classification result to provide an output signal
indicating whether a segment of the signal is of the
first type or of the second type.

Embodiments of the invention provide the output signal on

the basis of a comparison of the short-term analysis result

30 to the long-term analysis result.

Embodiments of the invention concern an approach to

classify different non-overlapped short time segments of an

audio signal either as speech or as non-speech or further

35 classes. The approach 1is based on the extraction of

features and the analysis of their statistics over two

different analysis window lengths. The first window is long

and looks mainly to the past. The first window is used to



features and the analysis of their statlstlcs over two different analysis
wi ndow | engths. The first window is long8and | ooks mainly to the past. The
first w NYOR010003®dd t oget a reliable but del ayed deci siPER/EPRE/004389 t he
classification of the signal. The second wi ndow is short and considers

mai nly the segnment processed at the present tine or the current segnent.
The second window is used to get an instantaneous decision clue. The two
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once and used
will "extract only the instantaneous information because it

has access only to one set of features. For example, it can
exploit the mean of the features. On the other hand, the
long-term classifier has access to several sets of features
because it considers several frames. As a consequence, the
20 long-term classifier can exploit more characteristics of
the signal by exploiting statistics over more frames than
the short-term classifier. For example, the long-term
classifier can exploit the variance of the features or the
evolution of features over the time. Thus, the long-term
25 classifier may exploit more information than the short-term
classifier, but it introduces delay or latency. However,
the long-term features, despite introducing delay or
latency, will make the 1long-term classification results
more robust and reliable. In some embodiments the short-
30 term and long-term classifiers may consider the same short-
term features, which may be computed once and used by the
both classifiers. Thus, in such an embodiment the long-term
classifier may receive the short-term features directly
from the short-term classifier.
35
The new approach thereby permits to get a classification
which is robust while introducing a low delay. Other than

conventional approaches, embodiments of the invention limit



both classifiers. Thus, in such an enbodi nent the long-termclassifier may
receive the short-termfeatures directly fromthe short-termclassifier.
The new amprowdh3i2her eby permits to get a cl assificati oRCEEPeH09I08438DbLUST
whil e introducing a | ow delay. Qther than conventional approaches,

enbodi nents of the invention limtthe delay introduced by the speech/nusic
deci sion while keeping a reliable decision. In one enbodi nent of the

[ nvelnt idoln, trnlefe di@ll)ekyihggtiricﬁiddeﬂtfbg} t@héZ&pbﬁmi/]?ﬁLsﬁ\Mli abchiesbht swipila

total delay of .only_ 1 ., Bri Descri ption of the Draw ngs Epbodi ments
of the | nvEREPow Fi TolIRRLT! P TH W Wi FOFer SREUBeRRe Shooinyi ng
drawi ngs, dnvehitdlon,Fitde 11ogkahdéhdck sdildgrizradfta $IpBeclamplsis; which

di scrim na hR a r,d Wi i the invention; Fig. 2
illustrat egg%ﬁéegngﬁgs?i ?r&\%\n%r%dg\%ga?s]g by t};t@rqigo%s-'t ermand the short-term
classiflers of the discriminator of Fig. 1 ; Fig. 3 illustrates the
hysteresis decision used in the discrimnator of Fig. 1 ; Fig. 4 is a block

di agram of an exenpl ary_encadi ng schene conprising a discrimnator in
accordance with enbodinEﬁE§5bﬁE%%%ﬂﬁﬁﬁéﬁhﬁgﬁiiﬁlégfgﬂigﬁh bl ock di agram of
a decodi ng schene corresponding to the encoding schene of Fig. 4 ; Fig. 6
shows a co I C r I ed for..separately_encqding speech and
nmusi c depe§§§%?l§%ﬂ28d3g§r?ﬁ?n%ﬁ?gﬁ%éPnaﬁugadﬂgas?ﬁﬁéF} E dbfgé{ it

i1l usthtat esethactdceays &hgericevnpdnyindhelmodargsdesirgmwsigwn in Fig. 6

. Description of Enbodinments of the Invention Fig. 1 is a block diagramof a

speech/musi ¢ discrimnator 116 in accordance wth an enbodi nent of the
i nvention. E¥de 1 is a block diagram of a speech/music

discriminator in accordance with an embodiment of

the invention;

15
Fig. 2 illustrates the analysis windows wused by the
long-term and the short-term classifiers of the
discriminator of Fig. 1;
20 Fig. 3 illustrates the hysteresis decision used in the
discriminator of Fig. 1;
Fig. 4 is a block diagram of an exemplary encoding
scheme comprising a discriminator in accordance
25 with embodiments of the invention;
Fig. 5 is a block diagram of a decoding scheme
corresponding to the encoding scheme of Fig. 4;
30 Fig. 6 shows a conventional coder design used for

separately encoding speech and music dependent on
a discrimination of an audio signal; and

Fig. 7 illustrates the delays experienced in the coder
35 design shown in Fig. 6.



speech/ musi c discrimnator 116 conprises a short-termclassifier 150
receiving at an input thereof an input &0gnal, for exanple an audi o signal
conpri si yogpwawbs2and musi ¢ segnments. The short-term cl asTiEr2@9/004389 out put s
on an output line 152 a short-termclassification result, the instantaneous
decision clue. The discrimnator 116 further conprises a |long-term
classifier 154 which also receives the input signal and outputs on an

out put line 156 thedsmngipteiron cdRFnbodiaterons reSutiie Itreenteiayed deci si on
clue. Further, an hysteresis decision circuit 158 is provided which

conbi nes the output signals fromthe short-termclassifier 150 and the
Iong-termtﬂk%sifiés #5hlarka dreagream agfwidl IspReqivydurs reddiactimihetodet ai |

bel ow to ganey al,p A-SPLRLNLOVURE End8Rl shPBaih@nd! ohitle | SnPshPHbn ONThENE
160 and_may be used for controlling the further processing of_ a segnent of

an i npuP siSRRECH/MUS ifann@tSGEIPLNYRREri Béd alkSVRLASST r Yar BNPEEFFEIME |

i .e. the spgesdyinisdc doo sireBesivghgl 460 amy ibgutsedhleddoFut ant henpiput

si gnal segnent ngcg has beeQ classified to a_speech encoder or to an.audio
"1 actor GAALE

encoder. THUS i OF MG nenPRa5s ORI | Prrg Wy and
di fferent aluesisi fdegmeerits). dfte 1o aretesedclas paf B¢t el SOnotbputsapah sngnal

applied to S Y | assLijlers,uia i ] 4 éﬁé% t
classifiers a éhga ?@5 Ig%%-?@r%%é?gsg¥¥?efﬁ%§%”g%g%§ ort-gggﬁygﬁasgP?ier
150, whereiimstintaneiasdesieiendriner Bheasklsesiimg natosthiésfnesher t he

features ondMpisddeaonRIRf-& OMer c2BZLY Sk 8 rWiHIOWShi Ehe 41 classitbgrs
deliver the output signals 152 gnd 156, nanely the instantaneous decjsion

clue (1DC) Hfd tRBRUHeISHER HelPSi APEIWES (BBC)2R PREPUor t1R8r 3 akBPfier
150 gener atlemd-es dnE loas $ i dstsi on of e SIDK | - €106 Nailé Bayeid e8ethai ohagkukhe aim

to capt ureE"unrscthaénrt, 'gfnor}@ét':gpegggmdécqesion circuit 158 1is provided

15 which combines the output signals from the short-~term

classifier 150 and the long-term classifier 154 in a manner
as will be described in further detail below to generate a
speech/music decision signal which is output on 1line 160
and may be used for controlling the further processing of a
20 segment of an input signal in a manner as is described
above with regard to Fig. 6, i.e. the speech/music decision
signal 160 may be used to route the input signal segment
which has been classified to a speech encoder or to an
audio encoder.
25
Thus, in accordance with embodiments of the invention two
different classifiers 150 and 154 are used in parallel on
the input signal applied to the respective classifiers via
input 1line 110. The two classifiers are called long-term
30 classifier 154 and short-term classifier 150, wherein the
two classifiers differ by analyzing the statistics of the
features on which the operate over analysis windows. The
two classifiers deliver the output signals 152 and 156,
namely the instantaneous decision <c¢lue (IDC) and the
35 delayed decision clue (DDC). The short-term classifier 150
generates the IDC on the basis of short-term features that
have the aim to capture instant information about the
nature of the input signal. They are related to short-term



nature of the input signal. They are related to short-termattri butes of the
signal which can rapidly and at any tinmdlchange. |In consequence the

short -t erwpf2eso0s®s are expected to be reactive and not PCo/EPRaOOLIGE a | ong
delay to the whole discrimnating process. For exanple, since the speech is
considered to be quasi-stationary on 5-20ns durations, the short-term
features may be conputed every frame of 16 ns on a signal sanpled at 16
kHz. The | @fg-niduhes a&ki ther signagembishesarhedpbdClon aned dtsasyotime

features refidddg 14 UBA n @Sﬁfﬁé/aélwfl*é—@érﬁlhf?é{g?géC%EQ”S?FSE%d

features) and therefore perimts to achieve nore relia assitfcation.
Fig. 2 illUdstrBeedeard iyfal 304 s nRitndonsinseaduget ke 1ongt dehay aei ther 154

and the shaiHoleerdn $d iseifd€ind S9rSEO¥W. | PoFi 8xarkple ASS§YALBIt Bef "s?g%cﬁf

1024 sapples at a s rrplln rate of 16 kHz. the Ien%th of %%e} Ion%-t,erm
classif'er%ﬂrﬁﬁﬁfﬁgé ¢d 3913§a+ﬁ335§aﬁﬁﬁéé?n?Fx.,Wrﬁr% - fUFAFePRSsi fi er
wi ndow 162 tdpanshéotrtérmmEsaafirebe nm;dil@es&:gmphﬁadd eq@ait :ﬁll‘haﬂle 1§rﬁ sanpl es
are needed e, | -1er I i fier to e its analysis, IS

addi ti onal '%gléarg,aV\%l{lgﬂg?s%ﬁgggéeﬁér rle% ¢ ‘as %elorll%o%lﬁrgaﬁh?s%?ler

i ndi cat ed ikP4igenoratesetdyeenRRC spgn then. bas s 2falfmtshows rheudhong-term
classifier MAIQ¥ALRE WHSdY 5t 1 |+&§8t1§é1”@i a1'<fon§g?e§m0@sa£ﬁ§€§>0f

t he audao signal and the additional delay needed for analyzing a current

segment® TREGur rieiRree}FRnt P8YIMA8Scat 4@ at atE 9%e t he"QEGmentefdabdi ch

t he speech/gmsis fieeitsicmn, needs to be made. The long-termclassifier w ndow
indicated in Fig. 2 is sufficiently long to obtain the 4-Hz energy

nodul ati on characteristic of speech. The 4-Hz energy nodulation is a

rel evant arftigli s2ribhinateatbkar adteerarsdiysid sprdcohswhiseld itsy ttiadi Loanal |y

gﬁﬁgfigfdge%%§¥§¥§s§¥¥¥%¥”f@@i&h&iéﬁéi£%£%%£¥érﬂ589a§§i£9éref§6p£EoBX

15 in Fig. 1. Assuming a frame of 1024 samples at a sampling

rate of 16 kHz the length of the long-term classifier

window 162 is 4*1024+128 samples, i.e., the long-term

classifier window 162 spans four frames of the audio signal

and additional 128 samples are needed by the long-term

20 classifier 154 to make its analysis. This additional delay,

which is also referred to as the “lookahead”, is indicated

in Fig. 2 at reference sign 164. Fig. 2 also shows the

short-term classifier window 166 which is 1024+128 samples,

i.e. spans one frame of the audio signal and the additional

25 delay needed for analyzing a current segment. The current

segment is indicated at 128 as the segment for which the
speech/music decision needs to be made.

The long-term classifier window indicated in Fig. 2 is
30 sufficiently 1long to obtain the 4-Hz energy modulation
characteristic of speech. The 4-Hz energy modulation is a
relevant and discriminate characteristic of speech which is
traditionally exploited in robust speech/music
discriminators used as for example by Scheirer E. and
35 Slaney M., "Construction and Evaluation of a Robust
Multifeature Speech/Music Discriminator”, ICASSP'97,
Munich, 1997. The 4-Hz energy modulation is a feature which
can be only extracted by observing the signal on a long



Slaney M, "Construction and Eval uation of a Robust Miltifeature

Speech/ Musi ¢ Discrimnator", |CASSP 197,12Muni ch, 1997. The 4-Hz energy
nodul at i omoi2e10z0082at ure whi ch can be only extracted by ebyaPicmmo43de si gnal
on a longtine segnent. The additional delay which is introduced by the
speech/ music discrimnator is equal to the | ookahead 164 of 128 sanples

whi ch is needed by each of the classifiers 150 and 154 to make the
respecti ve tams ysegméntke Fhperckiittiaindl ndatayr wdiichi drs amat ysidgced by is
descri bed " near Ct}0 [ is of
speech, " Jg%?%LTPSE&Hﬁﬂé%%8u§f%%ﬁfﬁ%%¥f2éf g? A l%?%aEb QFQP $£OQQEE§8
1738- 1752, g0 adnd 148  Heammky , Wiekchy| | lS" Peeedpduabyy Baskd pinekhe

predi _ctive ca.raaﬁsn%lsefy‘ $heecdhd h@/ASSPo5nﬁ@<%5&Re ¥¥pechiiie whaNy4sisNg

the dis rlﬁé_ tor of the aboie ﬁnbod iment in an encodeyr design as shomn in
Fig. 67t efal PEGEPRYUSE t hEPERFt CRETOEOHLPS IR BYRAS062 5w 4T bdS
1600+128 salgdcas bed chyediial Hetfi@nsiklyl, i séB@ﬁdspMVéh ]JJ.ShM f peeelmtlty.ohow

for realti p|IC tions. Re erence. i S, now._na scrl t he
conbi ni ng g(?p]%ﬁe Olﬂ%l tsri5| gnaﬁs SF AN 15 %fg%ﬁ E Eh?l e gofg 15%& 154
of the dis@ﬂqmatﬁ(nf:Bmkﬁxﬂaxﬁnqﬁnlmb,an@peéchppu51%3&et7520n1§Bgnahd160.
The del ayed; deqd $is &@OU%% and &éi‘i nSQHéddfn%ééE’” glekl‘ic'tﬁ?ge In

accordance with an enbodi nent of t e |n enti1 o are conbl ned by using a

hyst er €8i s adEdi¥sioh. Ofly sIRR*EN 8" pricdessdes SaPlomddely L2R%- t It pheBess

deci si ons iy i@fer hleO aia@rhmmaﬁ:b@m oFi gthd idbaksd r %tnaa%oaa_ntém: stigf €an
hystereS|s deci

f t f t d the t
whether  t hé R ARG UL O aryriad I shu! HOF naTREE Sl adEdRv et he
processed:ﬂﬂyhnﬁedﬁc&dmrsnb@t angnal6awiidi g al 6peelriB segnphésowhdchusi C
segment . Theeha g_f(tsenﬁlsltll o dWGHES G5 P YFL Cshi B BEEONE Dy 1w $o8NdeLiC and

DDC are nor
time appllcatlons

Reference is now made to Fig. 3 describing the combining of
the output signals 152 and 156 of the classifiers 150 and
154 of the discriminator 116 for obtaining a speech/music
20 decision signal 160. The delayed decision clue DDC and the
instantaneous decision clue IDC, in accordance with an
embodiment of the invention, are combined by wusing a
hysteresis decision. Hysteresis processes are widely used
to post process decisions in order to stabilize them. Fig.
25 3 illustrates a two-state hysteresis decision as a function
of the DDC and the IDC to determine whether the
speech/music decision signai should indicate a currently
processed segment of the input signal as being a speech
segment or a music segment. The characteristic hysteresis
30 cycle is seen in Fig. 3 and IDC and DDC are normalized by
the classifiers 150 and 154 in such a way that the values
are between -1 and 1, wherein -1 means that the likelihood
is totally music-like, and 1 means that the likelihood is
totally speech-like.
35
The decision is based on the value of a function F(IDC,DDC)
examples of which will be described below. In Fig. 3,
F1(DDC, IDC) indicates a threshold that F(IDC,DDC) should



the classifiers 150 and 154 in such a way that the values are between -1
and 1 , wherein -1 neans that the |ikelinBood is totally nusic-like, and 1
means t hawotzhw/dosieel i hood is totally speech-1ike. The decirgireesvioss3Based on
the value of a function F (1 DC, DDC) exanples of which will be described
below. In Fig. 3, FI(DDC, IDC) indicates a threshold that F(I1DC, DDC)
shoul dcross to go froma nusic state to a speech state. F2 (DDC, |DC
illustrat es:zebstshrafdlolgb t h%lionF( IDCmi¥Xg sdwuttel ct@ssat ospeethonstheespeech

state to t i The f.inal _deci si r ) t or
current frgﬁe{%?\/i%r@)t e Jf‘ﬁ%%’s?%?m@ ?ﬁgﬁs é’lgglr%\?l tat egI[%f"l( é[ﬁcg) bﬁggg&agf t he
fol |l owi ng pemsdo ttodge %Hpmt dhesispdast ssomt Pstadth€odmidifc (§Xaté¢ ) =Fhasi c)

I f (F(IDC, n i ) — C e |f
(F(1 G, DD TR b b fof BTbuTrant Sepnph d)cREroREeRokhe

Hyst er e3i s 'BSLINg drhPsE@ex Cod&an %br%n@élwl@ﬁtéﬁb@@l et Pa$ishef
invention tde fasatdinhd (JdLadPXddand the above-nentioned threshol ds are
set as follows: F(IDC, )=IDC FI (IDC, DDC) =0.4-0 .4*DDC F2 (IDC, DDC)
=-0.4-0. 4*DDC Alternatively, the follow ng definitions my be used: F(IDC,
DDC) =( 2* | D@GHyE)eresis Decision Pseudo Code

If(D(n-1)==music)
10 If(F(IDC,DDC)<F1(DDC,IDC))

D{(n)==music

Else
D(n)==speech
Else
15 If(F(IDC,DDC)>F2(DDC,IDC))
D(n)==speech
Else

D(n)==music
%End Hysteresis Decision Pseudo Code
20
In accordance with embodiments of the invention the
function F(IDC,DDC) and the above-mentioned thresholds are
set as follows:

25 F(IDC,DDC)=IDC
F1(IDC,DDC)=0.4-0.4*DDC
F2 (IDC,DDC)=-0.4-0.4*DDC

Alternatively, the following definitions may be used:
30

F(IDC,DDC)=(2*IDC+DDC) /3

F1(IDC,DDC)=-0.75*DDC

F2 (IDC,DDC)=-0.75*DDC

35 When wusing the last definition the hysteresis cycle
vanishes and the decision is made only on the basis a
unique adaptive threshold.



FI (1DC, DDC) =-0 .75*DDC F2 (I1DC, DDC) =-0 .75*DDC When using the |ast
definition the hysteresis cycle vani shet4and the decision is nmade only on

t he basi sWQ20WVMge1adapti ve t hreshol d. The i nvention i s ROT/EPRNEES32 0 t he
hyst eresi s deci sion descri bed above. In the follow ng further enbodi nents
for conbining the analysis results for obtaining the output signal wll be
descri bed. sinple thresholding can be used instead of the hysteresis

deci si on b{fheakimgention hiesshobd ilimd twmy tbattHd Ryptertsibotdedieion
characteri gt .of | DC. } S, cqnsi deced. 1o _be re reliable

di scrim na?%s%%dgeggzggju@gg‘l tPé:ort%eRngfroglr%o%%%gggrgﬁgﬁr SEBeSH T et F gnal .
However, DBembdndsgputlee Bawdd par t kgsvhtshef pustobdtesierivag i bheofoutmut

signal . A ecagwant kanal vel elddigfedihi ch only conpares the value DDC to the
thresho%d 0 , and by classifying a segnent as speech-1i ke when DDOO or as

nmusi c- 17T ke otherwise, will have a del ayed decision. In one enbodi nent of
t he invent RoBimpa ey radapl difg damepohdicry s tedd it itie thesddXe sl nake

the basi o GFLRESPoRNoMIG Wb eib. BOEEshofBetnag ade oF taddpitiotts
t hreshol di bgthf theDGMAr&idd)stiay Espeechndl IoC( mpe-nusicodidesdd
Tor e 1ol able the | B TR o R TR LLy SIT EERAEER o Ca Pt bl o
as DDGO Fufteey rbr dongeskiobg ey athenevaf uthen sifgnale DBOveEemee®DChel past
and currentoRpa¥ell BBYedi VBartly on the past observation of the

signal. A conventional classifier which only compares the

value DDC to the threshold 0, and by classifying a segment

as speech-like when DDC>0 or as music-like otherwise, will

15 have a delayed decision. 1In one embodiment of the

invention, we may adapt the thresholding by exploiting the

IDC and make the decision more reactive. For this purpose,

the threshold can adapted on the basis of the following

pseudo-code:

20
% Pseudo code of adaptive thresholding
If(DDC>-0.5*1IDC)
D(n)==speech
Else
25 D(n)==music

$3End of adaptive thresholding

In another embodiment, the DDC may be used for making more
reliable the IDC. The IDC is known to be reactive but not

30 as reliable as DDC. Furthermore, looking to the evolution
of the DDC between the past and current segment may give
another indication how the frame 166 in Fig. 2 influences
the DDC calculated on the segment 162. The notation DDC(n)
is used for the current value of the DDC and DDC(n-1) for

35 the past value. Using both values, DDC(n) and DDC(n-1), IDC
may be made more reliable by using a decision tree as it is
described as follows:



anot her i ndi cat
cal culated on t

ion how the frame 166 in Fig. 2 influences the DDC
he segnent 162. The notatbon DDC (n) is used for the current

val ue of WAGIMNO3RAd DDC (n-1) for the past value. Usi n§CHERPRINAN43ES,

DDC(n) and DDC
tree as it is d
&% DDC(n)>0) X
(1 DOO && DBCPa¥
(n-1) <0) Ben

deci si on treeiP

(n-1), I1DC may be made nore reliable by using a decision
escribed as foll ows: % Pseudo code of decision tree |f(1DOO
n) =speech Else if (1 DC<0 &% DDC(n)<0) D(n)=nusic Else if
uPbCEnde) o) dBclis)ionspeeech El se if (I DCXO & & DDC (n) -DDC
=QHSI i DDOO) D (n) =speech Else D(n) =nusic %nd of
ﬁggbg§65§§3PgF8ﬁ tree, the decision is directly taken if the

bot h cl ues showPt{hé=smfechi kel i hood. If the two clues give contradictory

i ndi cati ongjgue
-DDC(n-1) is po
speech-sl i ke. O
nmusi c- | i keglké
the final decis
decision, the d
since | DC Eébka
respective cl as
i nvention wll
1 Else

ilFoQkpakot Re evelwhicey of the DDC. If the difference DDC <n)
sitive, we may suppose that the current segnent is

RéPWFBESiGe namy suppose that the current segnent is

il $IDEWOi BAI OBCI (AN -ODEY nt-Q )blne sanme direction as the |DC,

égn is EQGH taken. If the both attenpts fail to give a clear
PLTBR®FS t aken by considering only the del ayed clue DDC

Bifl i(fPCwls &isoDDEHING -DPCH@~al<i0dat ed. In the following, the
iBBQﬁﬁsléo and 154 in accordance wth an enbodi nent of the

b

if (DDC>0).
D(n)=speech

D(n)=music

of decision tree

Else
$End
15
20
25
30
35

In above decision tree, the decision is directly taken if
the both clues show the same likelihood. If the two clues
give contradictory indications, we look at the evolution of
the DDC. If the difference DDC{(n)-DDC(n-1) is positive, we
may suppose that the current segment 1is speech-like.
Otherwise, we may suppose that the current segment is
music-like. If this new indication goes to the same
direction as the IDC, -the final decision is then taken. If
the both attempts fail to give a cleaf decision, the
decision is taken by considering only theAdelayed clue DDC
since IDC reiiability was not able to be validated.

In the following, the respective classifiers 150 and 154 in
accordance with an embodiment of the invention will be
described in further detail.

Turning first of all to the long-term classifier 154 it is
noted same is for extracting from every sub-frame of 256
samples a set of features. The first feature is the
Perceptual Linear Prediction Cepstral Coefficient (PLPCC)
as described by H. Hermansky, “Perceptive linear prediction
(plp) analysis of speech,” ‘Journal of the Acoustical
Society of America, vol. 87, no. 4, pp. 1738-1752, 1990 and



described in further detail. Turning first of all to the long-term
classifier 154 it is noted same is for egtracting fromevery sub-frane of
256 sanplwe aimess2ef features. The first feature is theprPeEmpe@ooed33di near
Prediction Cepstral Coefficient (PLPCC) as described by H . Hermansky,
"Perceptive |linear prediction (pip) analysis of speech,” Journal of the
Acoustical Society of Anerica, vol. 87, no. 4 , pp. 1738-1752, 1990 andH .
Her mansky, Het HakmansRgy, cept adl.l,y “Waexedptivaddry prasdidctliiveeaanginesd isctofve

speech, " | CASSR:5.500 512001985 BERGES af & @IT4 ) enty ey SBEBKEL e
classificafion Sy usi'ng human "audi tory perception estimation. Ps $eature
may be usedffdcdpséri iarat esppeken adansdifdcatdon ndeed Pedmict s hwnan

di sti ngui shuigoehapaetepkibnt ofs2imRitiSf THie SRR AndPlde assddeo
syl l abic 4-Hz npdul ati on of the speech by | ooking to the feature variation
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feat u[e Wﬂi:i%BtEﬁg@b_lsﬁ Fiﬂu&a@ha&ﬁcﬁb&ﬁgtiﬂ&f o_fgcm&ﬁd:m; Wifi cthé sspe@bh?r%s .
i mportant characteristic of _speech apd na critical in _coding. eed,
speech codwﬁgﬁr effed Fﬁélé‘g’%&npﬁrgﬁ trﬂé‘?ugﬁt}%utoagsi 52‘& Fgegcﬁsg@ﬂo

nono- peri ollboksngnab. thee fepeacle cadiiag ischewes arimeef ficient for such a

signal. On the other hand, the pitch characteristic of speech harns a | ot
of the coding efficiency of nusic coders. The snooth pitch del ay

fluct il i oHogRVEH, t Hed nae uraireyi tRkizst of thire BFdéch aBResombd nadediichiey
represent ahhgehkR rBEtUHe GhHAR¥EHS WHAR &d G LML o @Rt VEd it €16 gY

which is required for obtaining a high coding efficiency. The foll ow ng
pi tch char ¥BE&Ri 46 anp&aedr ég‘p%’éfalﬁg W%St@%tqr’;ls%ﬁéésa Py

Rati o: Thi pef eatitieaqonputesdimg. rahieeqf epeegy bkedwmen rdides on the
assumption that an input signal is a pseudo mono-periodic

15 signal. The speech coding schemes are efficient for such a
signal. On the other hand, the pitch characteristic of

speech harms a lot of the coding efficiency of music

coders. The smooth pitch delay fluctuation given the

natural vibrato of the speech makes the frequency

20 representation in the music coders unable to compact
greatly the energy which is required for obtaining a high

coding efficiency.

The following pitch characteristic features may be
25 determined:

Glottal Pulses Energy Ratio:
This feature computes the ratio of energy between the
glottal pulses and the LPC residual signal. The glottal
30 pulses are extracted from the LPC residual signal by using
a pick-peaking algorithm. Usually, the LPC residual of a
voiced segment shows a great pulse-like structure coming
from the glottal vibration. The feature is high during
voiced segments.
35
Long-term gain prediction:
It is the gain usually computed in speech coders (see e.g.
“Extended Adaptive Multi-Rate - Wideband (AMR-WB+) codec”,



glottal pulses and the LPC residual signal. The glottal pulses are
extracted fromthe LPC residual signal Y using a pick-peaking algorithm
Usual | y, WP&010p#032¢si dual of a voiced segnent shows a gPEAEPRUPVAHRLBT ke
structure comng fromthe glottal vibration. The feature is high during

voi ced segnents. Long-termgain prediction: It is the gain usually conputed
i n speech coders (see e.g. "Extended Adaptive Miulti-Rate - W deband

(AVR- \B+) 3GRRC'TSIGPP. IR 26/6230 0v6. 3005-2605-DéshmMechhi Splec3fdaiaftiicat)i on)

during theglp gxg?tﬁfg@ Egﬁg Etelr gql%éﬁﬂ Ur'ﬂqi‘?a%'é\?ér{:]h@eﬁ%'r%@' Gy of

t he signal ase estimation. Pit l'uct uati on:
This feat L@%ra@%%me@ﬁ hé& |f$é@éﬁée rdt He pbasest %‘Ptcﬂi"o‘él'llayde ay
estimati onc¥bhensepspared to the | ast sub-frame. For voiced speech this
featur% shoul d be | ow but not zero and evolve snmoothly. Once the long-term
classifier has extracted the required set of features a statistical
cIaSS|f|erPiscMs@dl@p fhESEuexioacted features. The classifier is at first

trained by exracling.the. LERLULES, RUCL;3eADERE LEALRLNG Sk AN g disi C

training s §8°aFE A6 e rean valtie o
and a varifaﬂbeyoésmmaénonotwhetrr a<|:¢m1ngr$@t $o Rdre eh@mttsabmfmgmeet que

extract ed @ggc@grgggsa e qat U{)y FHE gRbAsGed MY Hit '989 L8 and

cl assifier w ndo a Gaussians Mxture Mdel (GW) wusing five
Gaussildns. eBPlyaesBaat By he trai ning sequence a set of normalizing

paranmeters and two sets of GW paraneters are obtai ned and saved. For each

f t f f eat first extracted mal i zed with th
nor el | 21 roF Rar AR ol 9 TR ha CLATAAAIEH | RED PO SGIegenc (T I § CHUd) and.

t he set of features a statistical classifier is used on these

extracted features. The classifier is at first trained by

15 extracting the features over a speech training set and a

music training set. The extracted features are normalized

to a mean value of 0 and a variance of 1 over both training

sets. For each training set, the extracted and normalized

features are gathered within a long-term classifier window

20 and modeled by a Gaussians Mixture Model (GMM) using five

Gaussians. At the end of the training sequence a set of

normalizing parameters and two sets of GMM parameters are
obtained and saved.

25 For each frame to <classify, the features are first
extracted and normalized with the normalizing parameters.
The maximum likelihood for speech (lld _speech) and the
maximum likelihood for music (1ld_music) are computed for
the extracted and normalized features using the GMM of the

30 speech class and the GMM of the music class, respectively.
The delayed decision c¢lue DDC 1is then calculated as
follows:

DDC=(11d_speech-11d music)/(abs(11d music)+abs(11ld_speech))
35

DDC is bound between -1 and 1, and 1is positive when the

maximum likelihood for speech is higher than the maximum

likelihood for music, 1lld_speech>1ld_music.



maxi mum | i kel i hood for nusic (Il1d_nusic) are conputed for the extracted and
normal i zed features using the GW of thegspeech class and the GW of the
nmusi ¢ cl awe,20rcawpet i vel y. The del ayed deci si on cl ue DDEcirgrréveno4sas cul at ed
as follows: DDC= (I1d_speech-I1d music) / (abs (Ild_nusic) +abs
(I'ld_speech) ) DDC is bound between -1 and 1 , and is positive when the
maxi mum | i kel i hood for speech is higher than the maxi mum|ikelihood for
music, H d speech>l1d nusic.The short-termclassifier uses as a short-term

feature thg, PLP . her than.in the long-termclassifier,. this feature is
oni'y anal y B8 GRORHE S TIHAERL L Yifo W15 137 | 8o BREERES Fedfarars dhe
expl oi t ed BhPCABs sbhoherti kthaby anGude adeond-temme Midelsi(f@dy), udimics five
Gaussi ans. del.s ane, tr1.a] o) JS] a h r<+Speech

o s wori ERSPERy e I, AN O (R TeRuGy, 228 S s et
obtai ned fep tHel$ ofgatame chESsigiRICIRE @ichthiamshertel &48%f yoYt e

E’lLlF’ng areﬁ)&hég%agﬁt r@ﬁi@ﬁr@ngddéqk l_még@mdéﬁﬂji&q?lédf@éu§@ﬁgﬁa. Two o
_Speec an e maxi,num | i kel i hood for nusi d,. nmusic) are cqnpute
for using PRECERMVEGE (HEFEacPE aklr MdSt fie éﬁ%lépoﬁﬂérmf Q:%ﬁ%ﬁéh'
respectivelly. ihewdnshanbai€gusggecilsdtonthbuewdDGuodeldearealdid faimshtas
follows: IDC= (ll.d speech-l1d.musjc) / bs {1ld ,music),+ahs(l.Ld speech) )
IDC is bouﬁgaBet ee_nggﬁsar?gtfi.n%u%?rt &ig‘esh PR c?z%lg(’séllgﬂfére!rﬁ or
gener dttes ehehsHormeertn ot lessificatilon PEBACs efet Ha rsitgmalt rarrtieite dradi s of
t he featur%hép%gs%@{n%' H hdS&di £ ORLCRRS! I @h 1 GOehELERENt a4 FLRGD "
and the long-termclassifier 154 gene[ateg t he Iqqg-rernlcla33|f|cat|on
result of MRELEUFNALikH iMRODhakPs Busike Chkih MLk e2r PeFOBPLESA fNear

Predi ctionuGepgt ke CoBf fdciand 4FALEL) E1a88 hhe aheveMmverifi anrd radslid i onal
feature(s)blgs%; %E%%QC%Q%gﬁgyewﬁgIf%stantaneous decision clue IDC is

15 then calculated as follows:
IDC=(11d speech-11d music)/(abs(1ld_music)+abs(11ld_speech))

IDC is bound between -1 and 1.

20
Thus, the short-term classifier 150 generates the short-
term classification result of the signal on the basis of
the feature “Perceptual Linear Prediction Cepstral
Coefficient (PLPCC)”, and the 1long-term classifier 154

25 generates the long-term classification result of the signal
on the basis of the same feature “Perceptual Linear
Prediction Cepstral Coefficient (PLPCC)” and the above
mentioned additional feature(s), e.g. pitch characteristic
feature(s). Moreover, the long-term classifier can exploit

30 different characteristics of the shared feature, 1i.e.
PLPCCs, as it has access to a longer observation window.
Thus, upon combining the short-term and long-term results
the short-term features are sufficiently considered for the
classification, 1i.e. its properties are sufficiently

35 exploited.

Below a further embodiment for the respective classifiers
150 and 154 will be described in further detail.



feature (s) . Mreover, the long-termclassifier can exploit different
characteristics of the shared feature, 1I9e. PLPCCs, as it has access to a

| onger obB¥Er20HY10821wi ndow. Thus, upon conbi ni ng t he shoPCTEL2MHIQHEP39

|l ong-termresults the short-termfeatures are sufficiently considered for
the classification, i.e. its properties are sufficiently exploited. Below a
further enbodinent for the respective classifiers 150 and 154 wll| be
described in further detail.The short-termfeatures anal yzed by the

short-ter asshfier i cc Wi t | mbpdi cor, Ql inly
to the Pe[qé}g%t u%lh'of:%néaerr}“gergég?ﬁg%@%&rlyz%éef ??ci ents (5&%%&;&&?
ment i oned @bdveifipe RIDPGEscardanfdelWitisetthia Sxadingnt sgezkespond

[ec00Ni ti G el koas dihie MECEBeheaE1a0MNear Thee FLECCRoAT € coistiznad

because they share a great Eart of the functiopality of the_Linear

Predi ci onCPeBi1GheRRSi s (BEBECFh nBeRtoPREe ABAEPN spBEchPLEFES afdSso

?I ready i npleaent edfeidnhjm s¥péebrd a@uﬁispe:ald@fd .régegH%E@Gﬁ e w¥llacls t he
ormant styruct of ,the speech as, t oes u t.aki ng intq,account
per cept ual {la%nbgfgg?a{F%ﬁsa PP 2?8 Er%kgcgpgﬁefei%ﬁ&éﬁgn gﬁguzfr?d%thﬁ s nore
rel evant relyarei iy ghrealti ngairstief i tfher mithohioAalotgerodf thee i dimsed on
the 16 kizpsgapbedohnRub) Siadah. iAPdded raMAde: FrP Qe Ro@ifl Apedidiendt h
is conputed as a short-termfeature. e voicing strength 1's not considered
to belQeal F§dgrserdnPRagingady impeprenpggd iy Begwiitehgd ANddessEdati-on

with the PRRCC1pAcEheahe@ir@ i MaRsS| fhrmalite yOrethgrst beNghl pYSES to
draw in the features dinmension at |east two c]Justers correspondin

respective?y td'& h&Fvofea: akit h&Yunt8kiBE proRAInASHIBHs BETGRE ch.
It is basedonsidepetibneabietasi apeusbitg EpkhieentinBepeneicars anaelhysa Zer o

crossing CouLer, {7C)antt NEgREEIAG! HALT {Hidddsibe Rlishatalh! it (PS),
15 order of 16 is used on the 16 kHz sampled input signal.

Apart from the PLPCCs, a voicing strength is computed as a
short-term feature. The voicing strength is not considered
to be really discriminating by itself, but is beneficial in
20 association with the PLPCCs in the feature dimension. The
voicing strength permits to draw in the features dimension
at least two clusters corresponding respectively to the
voiced and the unvoiced pronunciations of the speech. It is
based on a merit calculation using different Parameters
25 namely a Zero crossing Counter (zc), the spectral tilt
(tilt), the pitch stabilify (ps), and the normalized
correlation of the pitch (nc). All the four parameters are
normalized between 0 and 1 in a way that 0 corresponds to a
typical unvoiced signal and 1 corresponds to a typical
30 voiced signal. In this embodiment the voicing strength is
inspired from the speech classification criteria used in
the VMR-WB speech coder described by Milan Jelinek and
Redwan Salami, "Wideband speech coding advances in vmr-wb
standard,” IEEE Trans. on Audio, Speech and Language
35 Processing, vol. 15, no. 4, pp. 1167-1179, May 2007. It is
based on an evolved pitch tracker based on auto-
correlation. For the frame index k the voicing strength
u(k) has the form below:



correlation of the pitch (nc) . Al the four paraneters are normalized
between 0 and 1 in a way that O corresfhds to a typical unvoiced signa
and 1 corwegpmwmss2io a typical voiced signal. In this erbodiPreainoide

voi cing strength is inspired fromthe speech classification criteria used
in the VMR- WB speech coder described by MIlan Jelinek and Redwan Sal am ,
"W deband speech codi ng advances in vnr-wb standard," | EEE Trans. on Audi o,
Speech and Language Processing, vol. 15, no. 4 , pp. 1167-1179, May 2007.
It is based Enl n evol ved pistch th(cker ﬁased on auto correlation. For the
frame i nde¥lk =gz%*"\‘fi(€)c"'|2r1*g°sg’f)r+éﬂg}tt tigkfkHas the form bel ow v(k) = -(2
*nc(k)+ 2 *ps(k)+ tilt(k)+ zc (k)) The discrimnating ability of the
short-termfeatures is evaluated by Gaussian M xture Mddels (GWB) as a

c: assifi erthd Mllﬁl_i@gMi_lxpiQ@Qifr@ é}bfempyecaf CtR&s salgtitt-ft%xgnt he¢af@f§§ he stusi ¢
cl ass, _are applied. e nunber of mxtures is varyi i.,n order to
eval uate t?}%g]gtf?té%‘fl OE)}{ hegiéélﬁﬁé?ﬁanc%?xﬁ"éﬁ?e %s(f?c}\ﬁs tﬁgglyé&ura%fl r &t es
for the dié¢issedbfievnbdawof GMMst urese AotectbBeorspeedonplbed famdevdrey
segnent of ccessive S oV, |1 1, IS e t o 64ns
which is sct)fl&?% | e rgr%zleswmpc%?g'ds %h%l-lg%’ coagtlreﬁllgépgtq%giﬁ bghgbg}ar ve tr?;ft t he
per f or manceikbereases mpdh vhsyhnabér ofrdeirxter eyalypéegdhpefifest 0 GWs

and 5- GWbihs Bakibehhakley iTHArd ant saBdsCahdba @t At nedabyst ke rf agle t hat
the formant representation of the speech is too,c lex to be sufficiently

. 0

defi néd bydbhf§reRE AWIRSTanct TARFE UEes -sifdr BeCdpiPPeatfir ES™BPEES) 5%t i on
accur acyki 8v&r JusBgRenRoWt Edie $tgesefvie cEkasmesi eThé54veirtalils dudtead t hat
many wor ks

and misi o 4F STISR ragian, by BATS| BB Fhg SR e tati e, S SRR
Si gnal ProsedsongcodGASSP,It can be observed that the performance
increases with the number of mixtures. The gap between 1-
15 GMMs and 5-GMMs 1is particularly important and can be
explained by the fact that the formant representation of
the speech is too complex to be sufficiently defined by

only one Gaussian.

1-GMMs 5-GMMs 10-GMMs 20-GMMs
Speech 95.33 96.52 97.02 97.60
Music 92.17 91.97 91.61 91.77
Average 93.75 94.25 94,31 94.68

20
Table 1: Short-term features classification accuracy in %

Turning now to the long-term classifier 154, it is noted
that many works, e.g. M. J. Carey, et. al. “A comparison of
25 features for speech and music discrimination,” Proc. IEEE
Int. Conf. Acoustics, Speech and Signal Processing, ICASSP,
vol. 12, pp. 149 to 152, March 1999, consider variances of
statistic features to be more discriminating than the
features themselves. As a rough general rule, music can be
30 considered more stationary and exhibits usually lower
variance. On the contrary, speech can be easily
distinguished by its remarkable 4-Hz energy modulation as
the signal periodically changes between voiced and unvoiced



vol. 12, pp. 149 to 152, March 1999, consider variances of statistic
features to be nore discrimnating than2lhe features thenselves. A s a
rough gerwoabiwaB®]l nusic can be consi dered nore stati ora@mTyEP200d/ 084389 bi t s
usually lower variance. On the contrary, speech can be easily distinguished
by its remarkabl e 4-Hz energy nodul ati on as the signal periodically changes
bet ween voi ced and unvoi cedsegnents. Moreover the succession of different
phonenes nalegmenhs.s@eemo*&eat wrtes Isessesarisirantf | dif ieserbbaaiongnes t wo

ong-t e m hegblr esuse Sonalder edeqPlzelaseon aaidiase copRU athpn and

t he ot her ase on a eoft pitch contour of the speech.
The | ong- témhpfié&l?mies awg ahgpgeaem tﬁ@at@maempe SMPISHéRESA nuseRe

di scri m naphaBl -onlhg %¥haﬁc\éard%ﬂg§?cé3tloﬂ hgnBLREES sanst sbasell @mpalti ng
t he varjance for each sef o f PLP over an over| acgé)l Qﬁ?anal ysi s wi nhdow
t

coveri my sB¥&Paf fAaEdIr oPfethto REpHASFPBEPHE | SR i e the

i nt roducedlbat;em@ym theaanale}sm 2y ndeptedsoretyte druv cahslaler ssobl y
the current fra past hlstog%) In a first step, the noving average
r

m am (k) o FPERE Iéﬂ‘ff}éég dSESAPHOEE the last N frames as described as
follows: N-1 iam (k) = PLPCr(k-i)-w(i) i=0 where PLPm (k) is the nth

cepstral CogLf [ELEAL FUe] 2RO t)(Plef PYIERed fd i Sndess C&fﬂ&ﬂnga@m hepkt h

franme. The noving variance nvra then defi ned as: PLPC( k-
i)- | UP XkVRZignice | £9rnheashy |S§ta mwdd%&ﬁca erfRJSt N athi d%ver%lwp%ms

enbodi nent ,RaNJER S| QRARRS | Neshasid@l | svserwfi ) frambsi ) inN- (dWid) /€o
emphasize the last frame. To limit the introduced latency,
the analysis window is asymmetric and considers only the
current frame and the past history. In a first step, the
15 moving average man(k) of the PLPCCs is computed over the
last N frames as described as follows:

ma, (k)= EPLPCH\ (k-i)-wli)

20 where PLPm(k) is the mth cepstral coefficient over a total
of M coefficients coming from the kth frame. The moving

variance mvp{k) is then defined as:

v (k)= NZ:I(PLPCm(k— 1)-ma, ()P -w(i)

25
where w is a window of length N which is in this embodiment
a ramp slope defined as follows:
w(i)=(N-i) /N-(N+1)/2

30

The moving variance is finally averaged over the cepstral

dimension:

mv(k) = —g’zi mnv, (k)

35



The noving variance is finally averaged over the cepstral dinension: 1 M
mV(k)= 7 mro mV (k) The pitch of the speééh has remarkably properties and
part of tWEMHWAW3IBKl y be observed on | ong anal ysis w nd8®I/EPRHIERE3? he
pitch of speech is snoothly fluctuating during the voiced segnents but is
sel dom constant. On the contrary, nusic exhibits very often constant pitch
during the whole duration o f a note and abrupt changes during transients.
The | ong- tBren petichr of &heospessh Hias ctemackarlytbropeyt bpsepndnPatrite
pitch contopr g A4 g i o] t e nReWs. 1S
defi ned asczgfIS t%ég?egfg)?lg)&}lyt Eg %%rﬁiﬁaﬁo%gg%eégnaﬁﬁ?f r%g"rre i.ndex k
on the LP Frdeedathsi gidichs | sBeqach 168z STRih bhef pEERAESAToFELING

par a”}ftSritl@%_SF)@l@QBeHE”sbg{n%F‘fUé%l ,bu'tts fiw%@?d%ﬂdafmyﬁahm SDﬁ_eCh:C}iieS
expected to djisplay a snoo fluctuatin itc el ay duri voj ce
segments aren&r ¥¥0n5u§ﬁ§cter’ﬁ?/1hfliqst Yohar %§%ﬁinghccfr}se %c?éggauﬁuﬁg‘ng
unvoi ced segeenttsle fachkiopc(dk iaf wéke G sabkhpt[ (¢hamg&sd Idurting (k) )
ot herwi se where.nc(k), tilt(k) d ) a i.ned (see s

short ter &Ef%%%??&%r) .Hi‘%e s%gg htér%?it ?gagﬁferﬁgwei% F%ghg\é;ést heetvl\}l%ow w
defi ned abcheranterhstfcated obeervhsgl ddie Npfitghescontews (lop =amleng w(i)

time segment. A pitch contour parameter pc(k) is defined

10 as:
[0 if Ip(k)-p(k-1)I<1
0,5 if 1< p(k)-p(k-1)I2
pclk)={1  if 2<Ip(k)-p(k-1)<20
0,5 if 20<p(k)-p(k-1)k25
LO otherwise

where p(k) is the pitch delay computed at the frame index k
15 on the LP residual signal sampled at 16Hz. From the pitch
contour parameter, a speech merit, sm(k), is computed in a
way that speech 1is expected to display a smoothly
fluctuating pitch delay during voiced segments and a strong
spectral tilt towards high  frequencies during unvoiced

20 segments:

nc (k)-pc (k) if v(k)20.5

smlk)= . .
(l-nc(k))(1l-tilt(k)) otherwise

where nc(k), tilt(k), and v(k) are defined as above (see

25 the short term classifier). The speech merit is then

weighted by the window w defined above and integrated over

the last N frames:

ams(k)=3 m{k-1hw ()

i=0
30
The pitch contour is also an important indication that a

signal is suitable for a speech or an audio coding. Indeed



i =0 The pitch contour is also an inportant indication that a signal is
suitable for a speech or an audi o codi @3 | ndeedspeech coders work mainly
in tinme dvoabn/@sitimake the assunption that the signal PSThRRMNILS3IAN
guasi -stationary on short tinme segnents of about 5nms. In this manner they
may nodel efficiently the natural pitch fluctuation of the speech. On the
contrary, the sane fluctuation harns the efficiency of general audio
encoders WspeBcRxptedérs i meﬁrktmamsﬂgrnimi mﬁsn@ndbmagmnahglsimam nddwes. The

mai n energy of the si r r Ve sf.qr.

coeffici en¥§.su’,&p 1PBr gﬁﬁ% %E’ce)r F?[?g?‘?n gl\régls?ni%l %t ﬁéf %gn Sftta(ra@m %at ures
are eval uabed siwinty it asegneobs @Ifas%bcw‘@r 5mﬁeré1§y bt Qi maﬁgetrhé ey

| ong- tern]ﬁggsﬁbhbﬁagf¥1dwgﬂﬂﬂ (éﬂggnata¥§itﬁ@t&ﬁa?Qﬁ%%uéﬁﬁoﬁoﬁ@ﬂﬁﬁéUS'ng

N=25fra considering 4 ms of past history of the S|gnl. A
Li near Di s&6PPAEAE A?fal y8es %Q'Dﬂjaﬂé/ fithet 39pei &dVsersited Usi Rgras in

the reducegf@@@l@h@?n%@r@énéﬂﬁPeauaiib| e:nzzcﬁmm Whﬁc@el’eﬁcpnnﬁamcdmred
on the tral ni n testing sets en cl asm%%/l ng ,?ﬁ: ts o,

successi vetfAR §’rm‘?§59é152 an Lgﬂﬁgtépﬁl FEAPUrES I i %”?{;Oh accur cy in
% The conbbiedthéassidna®l s mstt@mnacsprdadg vveenbeeivernt s tofandfoimadent i on
conbi nes aggrggrl atel Y, the short-termand |l ong-termfeatures in way that

t hey bring speC|f| c contribution to the final decision. For this
pur posk0 a hysteresis final decision stage as descri ebed above nay be used,

where the t e et U DG dHnardifredtig cf d 08 wied s ng
clue (LTDC mnglo%e%ﬁqhegﬁlﬁgﬁaﬁtérﬁpl??x&nes from lELhe IDCrﬁ%r short-ter

di scri i naBithg @R URSESL) usim@ tdw eFatdsiiectne F@SS &t (HRETING- t erm
and short - b%rtﬁll%ll@@SI{h@r S.o&fg-ll:'érlﬁﬁtéaégdﬁ.ﬁl&agloﬁl rdhel dedDHCON i Bhe aken

?ﬁZEd on the ID?ea%ur%% S%%%' E%%d ggd 851ng mﬁ'Ch CQgtrgkgmggnanéC&le
15 considering 400 ms of past history of the signal. A Linear
Discrimant Rnalysis (LDA) is first applied before using 3-
GMMs in the reduced one-dimensional space. Table 2 shows
the performance measured on the training and the testing

sets when classifying segments of four successive frames.

20
Training Set Test Set
Speech 97.99 97.84
Mugic 95.93 95.44
Average 96.96 96.64

Table 2: Long-term features classification accuracy in %

The combined classifiers system according to embodiments of
25 the invention combines appropriately the short-term and
long-term features in way that they bring their own
specific contribution to the final decision. For this
purpose a hysteresis final decision stage as descriebed
above may be used, where the memory effect is driven by the
30 DDC or long-term discriminating clue (LTDC) while the
instant input comes from the IDC or short-term
discriminating clue (STDC). The two clues are the outputs
of the long-term and short-term classifiers as illustrated



t hresholds triggering a change of state. The |long-termclassifier 154 uses
both the Iong-termand short-term featu4ées previously defined with a LDA
fol | owed W9 28t0@0B421 The DDC i s equal to the |ogarithm cPCatEPR000/00438%E

| ong-termclassifier |ikelihood of the speech class and the nusic class
conputed over the last 4 X K franes. The nunber of franes taken into
account may vary with the paraneter Kin order to add nore or |ess nenory
effect in theFfignall.deChsi deci®honhhé scotrd kex ybasbé shortthe eIDC cbassiifs er

uses only Lhg,pRpLLat eb eALLI S L SnCWB LGN ShoM-00qd Poron se

bet ween perfornancé an DCPS "8Gl

ratio of thhr@hbﬂdSetlﬁ-ggassngl ér chiakgki h(fodtéﬂ:et he speech cl ass and the
musi c class conputed only over the last 4 frames. In order to evaluate the
| nventlve pr oach, especially for a_switched audio coding, three different
ki nds The oleRgcde iier elaval fheBd 154 ri5_% BetPorththceoR8ataFBmand i s
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reactivity o t he stabllt cision iIs
eval udtted b¥ ééﬁm@Smtﬁgcetnhelrcucasaﬁqmcraﬁquﬁam m‘gé sbe prragedEr dver

nusi ¢ itengy Ul‘%ie‘P Xt HJ abet Wesre 58%%‘3@%&\4&? 'e%f@%'%e ?ﬁi dhbf erapda
|l evels fromone itemto another. The speech over nusic i performance is

then obt ai ABALBYORomAR i FRE t ﬁ@nFéﬁFéf'oftbcehes%%e?eE'F a$ a§\ﬁnltf&ﬁ§s 195
occurred ogalyt hget ¢halryitdred ffadureeswidines+engst ehichl asshf iergasd t he
short- tern1C|a§8ﬁ§ggr5¥faeen performance and complexity. The IDC is
15 equal to the logarithmic ratio of the short-term classifier
likelihood of the speech class and the music class computed

only over the last 4 frames.

In order to evaluate the inventive approach, especially for
20 a switched audio coding, three different kinds of
performances were evaluated. A first performance
measurement is the conventional speech against music (SvM)
performance. It is evaluated over a large set of music and
speech items. A second performance measurement is done on a
25 large unique item having speech and music segments
alternating every 3 seconds. The discriminating accuracy is
then called speech after/before music (SabM) performance
and reflects mainly the reactivity of the system. Finally,
the stability of the decision is evaluated by performing
30 the classification on a large set of speech over music
items. The mixing between speech and music is done at
different levels from one item to another. The speech over
music (SoM) performance is then obtained by computing the
ratio of the number class switches that occurred over the

35 total number of frames.

The long term classifier and the short-term classifier are

used as references for evaluating conventional single



used as references for evaluating conventional singleclassifier approaches.
The short-termclassifier shows a good 2%activity while having | ower
stabilitywerndioowas2al | discrimnating ability. On the ot Rrenr/Eracnd/00438%€

| ong-termcl assifier, especially by increasing the nunber of franes 4 X K,
can reach better stability and discrimnating behavi our by conprom sing the
reactivity of the decision. Wien conpared to the just nentioned

convent i on@ia@@pfﬂ@.ﬁh,aptg}mawéslr nEheessiodrt hiee conhilaed idizysi shewssyst em
in accordance Wt

h
that 1t maBtiodl FEAE Taddd pues Cpeday 3L hEve hu St iy Bhgr A 19
per f or mancéisbrimipaesegyiag Ltiley .r e@ot ithig yobherhdiagyht ebe A angterm
advant age &f %Q?fQQQd égﬁaglgﬁiygggwgﬁ%re%gﬁ gV Ik %ﬁﬂm%ha@ﬂ'fﬁémé§‘4he

fol | ow ng, erence’is ilTustrating exenplary
encodi iy a)ﬁd Hecodiary steeebs Weitden ncstrll ity scandi ndiGcumidas Hion

stage OperBéh991bﬁrag%”ékﬁﬁ%bﬂ!éfh&”@ﬁ@'Gﬁ@@%ﬁﬂlﬂﬁﬁbfn%ﬁ@“dﬁbléﬂbn

accordance wth the exenpl a enco

signal, a YheRresOBPgHSEA 6P éhﬁnIWSEhgﬁHEF°§F8n§PHV§nFH&ﬁ%%rﬁRPE??éhmnn
prep:ocssstﬁgfsp@gﬁoﬁﬁﬁncabe @ﬁnﬂmMepgaQMQBaa3|mmansmﬁnéﬁo Pyt drayeim
joint stereo functional.i t '

ext ensi on ?ﬁﬁ8f$8ﬂ§?| twﬁtthy ttf%zlijrr&‘rdou% ORUQ‘C : Ogg{é%)%éhf hgg%l?lrtag lgan%éit "
channdlQ aadventegehasngihagy nnlmaph@acnénﬁélgomﬁlEhrﬁsﬁnﬂﬁﬂh|aﬂ%ﬂ%m% or

nor € 5“‘tCHS§1802862@%me&aﬁld%x3ﬁEB%&%h&%@é'dﬁﬁlier %%%@é%ﬁ ofhst age

200, when stage 2 nore outputs, i.e., when stage 0 outputs a
stereo si ghERCHAVatHulof -tdHanPEFtengnal f%@é}ﬁﬂ AFYIntage F?r& THIPR@El of

a stereo sighak-BBY betacspeeehcthanrgl =ard dthisdagnd channel of the
stereo signal may be a nusic channel. In this case, the decision in a

deci sion stage 204 nmay be different between the two channels at the
15 In the following, reference is made to Figs. 4 and 5

illustrating exemplary encoding and decoding schemes which
include a discriminator or decision stage operating in
accordance with embodiments of the invention.

20 In accordance with the exemplary encoding scheme shown in
Fig. 4 a mono signal, a stereo signal or a multi-channel

signal is input into a common preprocessing stage 200.

The common preprocessing staée 200 may have a joint stereo
25 functionality, a surround functionality, and/or a bandwidth
extension functionality. At the output of stage 200 there
is a mono channel, a stereo channel or multiple channels
which is input into one or more switches 202. The switch
202 may be provided for each output of stage 200, when
30 stage 200 has two or more outputs, i.e., when stage 200
outputs a stereo signal or a multi-channel signal. Exempla-
rily, the first channel of a stereo signal may be a speech
channel and the second channel of the stereo signal may be
a music channel. In this case, the decision in a decision
35 stage 204 may be different between the two channels at the

same time instant.



same time instant. The switch 202 is controlled by the decision stage 204.
The decision stage conprises a discrimiragor in accordance w th enbodi nents
of the irnwerniom3amd receives, as an input, a signal i npai/EPRa09/0843age 200
or a signal output by stage 200. Alternatively, the decision stage 204 may
al so receive a side information which is included in the nono signal, the
stereo signal or the nulti-channel signal or is at |east associated with
such a sigrigle swiereh i 202rimtcamt rel badshynghewhechswas, stagee2anpl &he
gener at ed . Of [ gi 8999. he. ' s Lh Wele or
the multi c aér}n%érgiég}%éé/ ?é\ oneé%%b%dgﬁggg?m%gpggc%éi%ﬁéé?gggcgoggﬁhot
control theeqghrepirrtssi af shegd MENtiOY ame zeEcOIWBSt wasn at atePRb4 and
200 does naofi gd Bt inplta fitd hetagEbOHOTESE, of hei ghoresakpat Hypt 896 ge00 is
controlled to a certain degree by the decision stage 204 in_order tq set
one or ror &€ Yar PHeR BRI LY agele0dephitanoft#6e g@éi@?ﬁn?l?ﬁi TeGPLVE how
ever not ind|ygenee infrgerdiod whiehi iBmincsidge 2R0the ot Beghailn
functionality in stage 200 is acti irr ective of the decision in_ _stage
204, The deti%i Giese gesk%ﬂaict%at EBe; o Lhd o i 74 P fE2d3the
out put of tlsasbonassopiepedceishngsttage sighed,i wheda efguboryaenondiisg
portion 206 at gd. up of _Ej r LPC: [

encodi n poer l|go¢1jl_ 3 ‘ﬂ?l%s‘?gr]%i eﬁg%tgggn}%%eef %Fggggﬁé?ﬁ ?—Lﬁgn 59123?512(%23
embodi Agnt ProLGiRY chhQ0RoBQI SéHBS Lhettige s idrea vibl @l ngr bEhAchad t206,
208. In a fapdhes: espogipent, there may be additional encoding branches
such as a third encod ing branch or even a fourth encodi ng branch or even
nore encodi ng branches. In an enbodi ment with three encodi ng branches, the

t hi rd encodimgoi asebodbyiehe, sthkel alediside s dessostbtigcbhanch, thet

InC|Udesiﬂk§2%§éé%é§{h§n%%ggg 200, and the arrow between stage 204

15 and 200 does not exist. In a further embodiment, the
processing in stage 200 is controlled to a certain degree
by the decision stage 204 in order to set one or more para-
meters in stage 200 based on the decision. This will, how-
ever not influence the general algorithm in stage 200 so

20 that the main functionality in stage 200 is active irres-

pective of the decision in stage 204.

The decision stage 204 actuates the switch 202 in order to
feed the output of the common preprocessing stage either in
25 a frequency encoding portion 206 illustrated at an upper
branch of Fig. 4 or an LPC-domain encoding portion 208 il-

lustrated at a lower branch in Fig. 4.

In one embodiment, the switch 202 switches between the two
30 coding branches 206, 208. In a further embodiment, there
may be additional encoding branches such as a third encod-
ing branch or even a fourth encoding branch or even more
encoding branches. In an embodiment with three encoding
branches, the third encoding branch may be similar to the
35 second encoding branch, but includes an excitation encoder
different from the excitation encoder 210 in the second
branch 208. In such an embodiment, the second branch com-
prises the LPC stage 212 and a codebook based excitation



different fromthe excitation encoder 210 in the second branch 208. In such
an enbodi nent, the second branch com p27ses the LPC stage 212 and a
codebook WALLHW/ WSt ati onencoder 210 such as in ACELP, EGA/EPRIMOM3BY branch
conpris es an LPC stage and an excitation encoder operating on a spectral
representation of the LPC stage output signal. The frequency domain
encodi ng branch conprises a spectral conversion block 214 which is

oper ati ve eocodevelilOt sachomsmin ACELPoCcasnsi ruesttdge diinarclsiqgmgrist o a

spectral d in. e tral, conv I l.oc inc I
gorithm agegg§lé% @F?ﬁgggofﬁ¥%ﬁ%pvé%ékg?tgﬁglégﬂg%g?pa$$?$?€$%gﬁgls%%h as
a critical bpesinpledepiresenbatikonaviinghg &G siteaeuhdpudf siidnadr-bank

channel s, where the subband signals in this filterbank may be real val ued

signals or conpl ex valued signals. The output of the spectral conver sion
bl ock P14 FBeeddSIPNT PR sheRFaf1addity B1bdePmRIBSefhAc IPRASE G| ude

processi ngcbhoeksias knewr DnamwhliehAAS opdirad isehel®.coledtowtie &iuaedi ng
branch 208 _conpri ses a saurce node

del apa %yzer such, as LPC 212 i%g
output s t BRI ISEIGGHIIE, STRES sPRRRT! £ TH0LiPC Y] of 8BRSt g~ whi ch
i s used fomadont Takl ispgctiralf iconee reiamadtleaksimay dncdmdeP@rs Mdies Is-
filter. Thgé &Eﬁm' nfor gRE on, | SF%&a%tSﬂHcHi%rﬁ,o a96§aderap e ot hgp LPC
stage 212 quu sighal" 1§ an excitation sig 'nal or an LPC donain signal,
whi ch ¥& i ipdterheskaguchcesati 64 1&ncaddry SEOP IR faddiarsardn atigdera 210

may come feamcaRy SOMSEr f bt &1 1dela Bncedghnsish amarLELReeNGMIRIng an
ACELP encoder or any ot her encoder which processes a LPC donain ékgnal
n

Anot her exELPERLSN Bhcbe? TAILEFRERNE i nBf HE€3 tYaReR oFAP88dP NP of t he
exci t ati oncemgialk. vialusdcs ighaodiherestt phibeoéx eheatspettyiggnadorive not

encoded using, an, ACELP, pedgook, IRENAN3ThoPY LPE-£X61t 3Lk Ltiles S
15 216, which may include processing blocks as known from the

AAC coding scheme.

The lower encoding branch 208 comprises a source model ana-
lyzer such as LPC 212, which outputs two kinds of signals.

20 One signal is an LPC information signal which is used for
controlling the filter characteristic of an LPC synthesis
filter. This LPC information is transmitted to a decoder.
The other LPC stage 212 output signal is an excitation sig-
nal or an LPC-domain signal, which is input into an excita-

25 tion encoder 210. The excitation encoder 210 may come from
any source-filter model encoder such as a CELP encoder, an
ACELP encoder or any other encoder which processes a LPC
domain signal.

30 Another excitation encoder implementation may be a trans-
form coding of the excitation signal. In such an embodi-
ment, the excitation signal is not encoded using an ACELP
codebook mechanism, but the excitation signal is converted
into a spectral representation and the spectral representa-

35 tion values such as subband signals in case of a filterbank
or frequency coefficients in case of a transform such as an
FFT are encoded to obtain a data compression. An implemen-



into a spectral representation and the spectral representation values such
as subband signals in case of a filterbask or frequency coefficients in
case of awoOramgfss2m such as an FFT are encoded to obt ai RCa/FPan08/004339
conpression. An inplenentation of this kind of excitation encoder is the
TCX codi ng node known from AVR-WB+. The decision in the decision stage 204
may be signal adaptive so that the decision stage 204 perfornms a nu

si ¢/ speech tditsom mifnathien kdmdl cohtead it dthieors ériadde02i ¢ nclseichca vedihgat

nmusi ¢ si gnal.sj-ane i ntQ. 4 he, upper branch 206, and speech signals are
i nput int o?ﬂtoﬁiee Ikgl\?ew?pt)ﬁrgggrﬁ%g&ﬁ'n one enbodi nent, the decision stage 204

feeds its decision information into an output bit stream so that a decoder

may use thirpedegbsh 8RohNf Of MUtHePN kR 1QREE" L Q6T CgEre odi ng
oper atigﬁns. Such a degoder is |11 ustrlatled i ne?:?g. 25)Mn k??eretér a%s%q%gi on,

the si ghal 38@P5dtSySPhe-lectPsl dREH DL PMcSF@021804 s RIFARI ISt 8 anu-

spectral asdicd speeeterd2d8riMhgaoubputanel &bt SPES tdle agwli ecleoederiR18 is
i nput into %C%igg-q%pai cgnveg}er 220, 1he out put o% th:exc tation
encoder 21G°61 FFg."% i §"F hpdt¥Shst oS 4A"8xEi 3T o BBE 0 dEtt 2223 NGhi WPt put s

an LPC donmbiransihgn206, Thad Peenki signgdal asei dpputi ntrotan theC bywdhesi s
st age 224, i LRGEl ves,  as : i,Rput he i nf or i

gener at ed %ﬂ?@ gg)(rg?r'e\si‘iflp(g’rrl1 | negu_)fl?gdlf{ae%g{’ys% s%ea%l%%él%e oéu]@puf 5t he
ti medokRi niEendecisi opp @ ndegmart itgre i @An Ut (IRC sstmdmsi sSat st 224

are input ant@edoddt aRy226se ThE 1 SW 4&b 2260 | $n20RaRlilbed ¥h aogasw tEh
control signal. which was, for exam ple, generated by the decision stage
204, or whPERIRED Hhe &OrZEGH ﬁié&ﬂcg‘é’(? RIS PP -a creator of the original

nono signal, stereo signal or nulti-channel signal. The output of the
SW tch 226tSiu%ha aCOHBESESrmi%O fiﬂpg’ll:rz\a'@éghiins Esil’lgb.segyeatflt\éri Patmsinrl]{so—a
O D0 Sibn, the signal output by the spectral audi der 216
' g outpu y pectral audio encoder
is input into a spectral audio decoder 218. The output of
the spectral audio decoder 218 is input into a time-domain
converter 220. The output of the excitation encoder 210 of
Fig. 4 is input into an excitation decoder 222 which out-
20 puts an LPC-domain signal. The LPC-domain signal is input
into an LPC synthesis stage 224, which receives, as a fur-
ther input, the LPC information generated by the corres-
ponding LPC analysis stage 212. The output of the time-
domain converter 220 and/or the output of the LPC synthesis
25 stage 224 are input into a switch 226. The switch 226 is
controlled via a switch control signal which was, for exam-
ple, generated by the decision stage 204, or which was ex-
ternally provided such as by a creator of the original mono
signal, stereo signal or multi-channel signal.
30 | '
The output of the switch 226 is a complete mono signal
which is subsequently input into a common post-processing
stage 228, which may perform a joint stereo processing or a
bandwidth extension processing etc. Alternatively, the out-
35 put of the switch may also be a stereo signal or a multi-
channel signal. It is a stereo signal, when the preprocess-
ing includes a channel reduction to two channels. It may

even be a multi-channel signal, when a channel reduction to



stage 228, which may performa joint stereo processing or a bandw dth
extensi on processing etc. Aternatively, 24 he output of the switch may al so
be a sterwo2siogoad2zior a nmulti channel signal. It is a srerar2ew@nsty when
t he preprocess ing includes a channel reduction to two channels. It may
even be a nulti-channel signal, when a channel reduction tothree channels
or no channel reduction at all but only a spectral band replication is

perforned. ddepsndchgnnslsherspesi thanhelctiaanaitiion chtt AR 1ICBW®Nonly a

post processj ng.,s nono, si.gnal , a_stereo signal or a nmul ti-channel
signal is ot putt}a\?ﬁﬁ?:%ﬁ%agép%%%&%% %:3n§5r§ﬁ 85@?-8}:” ocessing stage 228
perfornms a bandw dth extension operation, a |larger bandw dth than the

between { heTheh it 07t BT apde PRECCERAELTBRL1 15 0°0S I hEN CBRREHIERERSS 1
di nent , 5t hEOGRSA B a¥eR ¢ onal M@aCo Il ararc se e hsignal t arrd awdodi ng

branch or evercradmun t kideeadi g @nsht oraMan KRES decodi R dr apghes: | n
an enbodi ment with threeqﬁgzoding branchegv the third decodi ng branch may

be sim | ar RS HTRF AR U SEAIHTy HEAnARTIRATT el RANSHIHEX c Frgengd on
decoder di fdmseatidonat Heaeyer t BEhanideaodatar?22hén stil@alecomsubr antldy 222,
224. In su di nent, the second branch conprises the LPC stage 224
and a codebook hdsed ex citation decoder such as in ACELP, and the third
branchl@onpri ses an LPC stage and an excitation decoder operating on a

spectral refy ese0t &fh08: Rbnt e thBC 34308 224 oLl PUthSd WL welbh gpgt RS

enbodi nent, the commbn preproceSS|nggsta8e con1gr|ses a surround/joint
uép

stereo bl ol Jerrrehes, 248, af t2270i AB4st ERed puFahereesband a
nono out putd shéma) , t it &€hnay 19€n2aat €foR¥1dauBBExhiIbtBRchBBULLEHIRE! awhi ch

'S a sl gnalthhialycil ngeég\gircl)(g g%%%c%h%nrneégénegn%ro%lrltxf éehgognj.rggnakl)ranch or
15 even more decoding branches. In an embodiment with three
decoding branches, the third decoding branch may be similar
to the second decoding branch, but includes an excitation
decoder different from the excitation decoder 222 in the
second branch 222, 224. In such an embodiment, the second
20 branch comprises the LPC stage 224 and a codebook based ex-
citation decoder such as in ACELP, and the third branch
comprises an LPC stage and an excitation decoder operating
on a spectral representation of the LPC stage 224 output
signal.
25
In another embodiment, the common preprocessing stage com-
prises a surround/joint stereo block which generates, as an
output, joint stereo parameters and a mono output signal,
which is generated by downmixing the input signal which is
30 a signal having two or more channels. Generally, the signal
at the output of block may also be a signal having more
channels, but due to the downmixing operation, the number
of channels at the output of block will be smaller than the
number of channels input into block. In this embodiment,
35 the frequency encoding branch comprises a spectral conver-
sion stage and a subsequently connected quantizing/coding
stage. The quantizing/coding stage may include any of the
functionalities as known from modern frequency-domain en-



at the output of block nmay al so be a signal having nore channels, but due
to the downm xi ng operation, the nunber 3@ channels at the output of bl ock
wi |l be swal2bsvoosizan t he nunber of channel s input into PCRMEP2000/004389 S
enbodi ment, the frequency encodi ng branch conprises a spectral conver sion
stage and a subsequently connected quanti zi ng/ codi ng stage. The
quanti zi ng/ codi ng stage may i nclude any of the functionalities as known

f rom noder reddetfuesiesh dasatheeAdSdensosigoh aRurttte vrencober quEnttzarnor e,

the quantizg g 0fpOPSE Abh OB p thf‘%%%f%gﬂés&gg@gség ge g een-

trolled via a psychoacoustic np . ner a .psy?hoac us
i nf or mat i orfF KU hsVha pSy cPBYERR3EPESFASKIMRAUF c¥hdfl @astenatees r Bgiiency,

where this 41{6&3{6{%&1@ Eﬁfb@mﬁﬁ‘iohnt&l%ﬂi‘e a%\tNh age psyicticicRisti d hfﬁa§|&§|ﬁbr al
conversion ,i;s dgne usin operatio ich, "even_nore preferably, is
the ti _mww%v%%q}%%r REY ne"ReFenlt S ot NEGERRF APRY 15t AB™
war pi ng st mengtintaytibe svageol Ped fhetvdgn 2@ spubtardl gboMaepshan is
strength. | zZero i r th,.the operation is_a
straight-fé&ﬁ%cﬁ%kﬁ*aég g@% ié%%%ék%??nw hslar €7 P& PBC BOREFR2BAYeder
may in clude aph@ACELRecwaeped| DGR iogerapionh wheme ahs tstrémgtandkor
codebook | RGIIING, Skl d3-BiRRINAANIINa B S I Ly ALENRUAN

some of the figures illustrate bl oc %rans f an apparatus, 1t I's noted
that thBse F8%ur €014 af? t hd IanaEPiBg | BtEsncite alRet BodZeWRer ¥REPERE

bl ock functgtaraigtii,esoMmsSPEEk i ide 18thogh 54 egst - EobRdiaenbsTobpt-he
i nvention were described above on tge 5§§|s &é n audi 0 i nput signal,
conpri si ng ecﬁafe(flec?rén%n%‘é@néﬁlt SR PFhmed S Hi T‘??’E‘?%Iﬁt SOEGNET S'YY fPanes
bei ng associlatdml aw t ACEpRecbrienfaalmatianiragy aupitchnigarimpt ionpidde lag
| nventi on ik | EARiSSLH O SHGAREEPEHT TRALS a5’ & el disk PRESZ NGOG
C|aSSI§ i ng (;f erent segnents of a Signa

code gain.

Although some of the figures illustrate block diagrams of
an apparatus, it is noted that these figures, at the same
time, 1illustrate a method, wherein the block functionali-

20 ties correspond to the method steps.

Embodiments of the invention were described above on the
basis of an audio input signal comprising different
segments or frames, the different segments or frames being

25 associated with speech information or music information.
The invention is not limited to such embodiments, rather,
the approach'for classifying different segments of a signal
comprising segments of at least a first type and a second
type can also be applied to audio signals comprising three

30 or more different segment types, each of which is desired
to be encoded by different encoding schemes. Examples for
such segment types are:

- Stationary/non-stationary segments may be useful for

35 using different filter-banks, windows or coding
adaptation. For example a transient should be coded

with a fine time resolution filter-bank while a pure



conprising segnents of at least a first type and a second type can al so be
applied to audio signals conprising thrgeg or nore different segnent types,
each of wNDchiwvm®3stesi red to be encoded by different encedrmpaolessss.
Exanpl es for such segnent types are: Stationary/non-stationary segnents nmay
be useful for using different filter-banks, w ndows or codi ng adaptation.
For exanple a transient should be coded with a fine tine resolution
filter-bank whilsénaspidesishuswidl sbeul dcddedtodby bya a fiine friptanaycy
resolution filter; (o]l LunyqQi ced: voiced segnents are well handl ed
by speech coder?%FEgﬂEéfg g&ﬁ@ gr%%héﬁiced segnents too nuch bits are

wast ed. The par dpdeeddupyaingdni IVoiredmsegnentsi @ne Wellknbehddedvdy

sil ence can be gpdednWddydeWweikdi EpLbhahactdye,a68TBBES segments too
Har moni ¢/ non-harmonic: It will benefjcial to use for harnoni'c segnents

codi ng usi ng a PPRBarPiFrdRERI H1RSEPY-heThe e PREREE tddFai FOI PG o Wit e be
I nvention I s nohmolkremetféd ctientthe fiel d of audi o techni ques, rather, the

above-descri bed_ approach for classifying a signal be, applied to. other
Kinds of signal S1IPPRE GFUABSST GG GaPabl: GRS WKEFBI depRes Lt
respecti ve si gn&hsni aclticde segments.of different types which require

different prOceﬁﬁkﬂgn'kVKgnLB%rﬁéﬁgghefu%hﬁ'Eie§> fod4ENT 1 ON [RY bE,,
adapted for all rea %IHE applications |cﬁ need a segmentafion of a tine
si gnall® For inshaggenig fsegmeddise 9bNg ropingd sar véneRanes adigdd dane® a may

be based on a chkassitfrkefieWliychiodgtierm ne for each pixel of a frame (here a
frame corresponds to a picture taken at a tine n ) if it belongs to the
face of a person or not. The classification (i.e., the face

Also, the invention is not limited to the field of audio
techniques, rather, the above-described approach for
15 <classifying a signal may be applied to other kinds of
signals, like video signals or data signals wherein these
respective signals include segments of different types

which require different processing, like for example:

20 The present invention may be adapted for all real time
applications which need a segmentation of a time signal.
For instance, a face detection from a surveillance video
camera may be based on a classifier which determine for
each pixel of a frame (here a frame corresponds to a
25 picture taken ‘at a time n) if it belongs to the face of a
person or not. The classification (i.e., the face
segmentation) should be done for each single frames of the
video stream. However, using the present invent;on, the
segmentation of the present frame can take into account the
30 past successive frames for getting a better segmentation
accuracy taking the advantage that the successive pictures
are strongly correlated. Two <classifiers can be then
applied. One considering only the present frame and another
considering a set of frames including present and past
35 frames The last classifier can integrate the set of frames
and determine region of probability for the face position.
The classifier decision done only on the present frame,



segnent ati on) should be done for each single frames of the video stream
However, using the present invention, tB2 segmentation of the present frame
can take wotolmsunt t he past successive franes for gePCIrmp@9oeisver
segnent ati on accuracy taking the advantage that the successive pictures are
strongly correlated. Two classifiers can be then applied. One considering
only the present frane and another considering a set of franes including
present andipdst theanebeTheompstrec| tgsitfher poebalpi bitnt erediconet Jdfhdranes

and det er e 1690100 0f by QR Lk dutied . TREAAGI L1 on. The cl assi fi er

deci sion done only on-t present frame,will then be conpare to the

probability regions. The decision may be then validated or nodified.
Embodi ment gm@bdliR@nitRvest | @Re UsAviReisW e folie SWivieBhnEFdiet sweercibimgpches
so that_only one branch recei ve‘%‘hﬁ‘at S'ﬁfal to Ee 5[3?’3688601 and t he, ot her
br anch YoeSeh¥EPeOHAENGTe 39 grAt P BnC8Ft BFA &SSO Seht St Hwever |
the swi t chtoapeal sodes sed aagad takt ethdre praces sdogs shage sceare ibreanttes,
€.g. the audig.gncoder and,ine SREGEN SHCAASIentO %B@%Vg%h%rea £ch

7 P The 51 gnarf out pu

process t h8*4afe 'si gnal i n"paral’lél. by " one of ese
branches i mayel @dtsed te bemanaed efgen o the wRTaesIMD aFtagRPHutor

bi t stream I nbadi f -e',r\ﬁg&{g' dgnedd e hasis
of digital b\séi@nr?g)le%,' %Hgggg%e%ugl%f < i ch Ilvveqz[rhedl\lgc,'rerf\eer m ne%tpg%]éf%% e'deéf)?ned

nunberl®f $aaY EStdbfacdes HREETS ChamanhFEimal thePF e onth® not
limted tossyshisicnabst bt Rele df tBedbsS®rapRhezable telanakagtw go@l s in
ne

whi ch the se nt woul d then be determ ned by a specific frequency range or
time peri oc?“g‘rputthe 2%l §§ gﬁegr’i"ﬁlqc St ddHi iacﬁ;,o th‘ﬁb ik?‘r]eﬁtsr%%“t he i nvention
were described in combination with encoders including the discrimnator. It

s noted thalin PASHER] Nent 8° FPRIAACERLEARIER" dAYE ¥bLR-2BRBAYIIIPNE e Of

t he i nvention ,
15 basis of digital signals, the segments of which were

determined by a predefined number of samples obtained at
specific sampling rate, the invention is not limited to
such signals, rather, it 1is also applicable to analog
signals in which the segment would then be determined by a
20 specific frequency range or time period of the analog
signal. In addition, embodiments of the invention were
described in combination with encoders including the
discriminator. It is noted that, basically, the approach in
accordance with embodiments of the invention for
25 classifying signals may also be applied to decoders
receiving an encoded signal for which different encoding
schemes can be classified thereby allowing the encoded

signal to be provided to an appropriate decoder.

30 Depending on certain implementation requirements of the
inventive methods, the inventive methods may be implemented
in hardware or in software. The implementation may be
performed using a digital storage medium, in particular, a
disc, a DVD or a CD having electronically-readable control

35 signals stored thereon, which co-operate with programmable
computer systems such that the inventive methods are
performed. Generally, the present invention is therefore a
computer program product with a program code stored on a



classifying signals may al so be applied to decoders receiving an encoded
signal for which different encodi ng schédes can be classified thereby

al | owi ng wheosvmasted si gnal to be provided to an appropPCRUEP2a000L33Y .
Dependi ng on certain inplenmentation requirenents of the inventive nethods,
the inventive nmethods may be inplenented in hardware or in software. The

i npl ement ati on may be performed using a digital storage medium in

parti cul armaghdnscreadpbbeorcar G@thavthg @regmesni cedé ybedadalimee cared ol

i gnal s st ebed SOEFERinkh! all CUARRIANS bk rRLROT GO En BRI, G ot o1

such that the inventive fe are perforne nera
i nvention P§°EﬁéPefR}’rQ§h&3fcoﬁBG§er°fbr égrcé?ﬁm%t(ﬁmct Ini t%l’bﬁlbrﬁgﬁféﬁv cddee

stored on apRehtnoer pRUALUS GakE,i @he rldF i, 0Gr IIBNERAR D il e T Bthd OF
per for ng, the inventive g%t hods when t he c rrput er progf{a product’ runs on

a conput er® PROSEABr CRIFdSOTt RELEQFEHIOV &t Sfigreentive
conput er pmeghadshahengtaepboglmmoqber_.ofg(rrampmufrmr NG afonprasir .one of the
i nventive methods when the conputer programruns on a conputer. The above
descri bed enbodi ments are nerely illustrative for the principles of the
present inVbatpbave| dessrahger srbod irmeat smadiel msateilonst lan et e ofmsr of

Lhe afrangerensiad e, dok aths Pescienbed il foy | hebe ampaieiteday

others skille |nthe art. he intent, therefore
by thel%coBEan Mgk § %Fp?é?l'?d%qu %‘é‘fleﬁtarélaéllﬁﬁsarﬁf nbRe b TEREISHEHTS ARfbt ai | s
present ed buewaietcsflplesaés@tru%danée%p& apatilonoef atﬁgﬁmdtaeruax&eé ein.

In th b d th bed lit

of framps. SHHLIR 10 CHPFerttr ot | 55 et BRuat BePhr dNBRALHTG BBciES on.
It is not eidlmln*a@edt foen Iguribgntt hee gsraoyte 0b£t h@e&gﬁp&r_xd\hh@h_pla$e@\t&l|¢ﬂﬁ:ﬂ¢f0f a
SulLohing dBA!ShOp "By DEnQNCaLLAIPI o NOMEVS 1 5! BrdLUROL Oy S gy e ted

to such e ment' s segnent
description and explanatlon of the embodiments herein.

In the above embodiments the signal 1is described as
comprising a plurality of frames, wherein a current frame
is evaluated for a switching decision. It is noted that the
20 current segment of the signal which is evaluated for a
switching decision may be one frame, however, the invention
is not limited to such embodiments. Rather, a segment of
the signal may also comprise a plurality, i.e. two or more,
frames.
25
Further, in the above described embodiments both the short-
term classifier and the long-term classifier used the same
short-term feature(s). This approach may be wused for
different reasons, like the need to compute the short-term
30 features only once and to exploit same by the two
classifiers in different ways which will reduce the
complexity of the system, as e.g. the short-term feature
may be calculated by one of the short-term or long-term
classifiers and provided to the other classifier. Also, the
35 comparison between short-term and long-term classifier
results may be more relevant as the contribution of the
present frame in the 1long-term classification result is
more easily deduced by comparing it with the short-term



the signal may al so conprise a plurality, i.e. tw or nore, franes.

Further, in the above described enbodi nBdts both the shorttermclassifier
and the Iwogetoewas2al assifier used the same short-term f earmpreoodmY4339 hi s
approach may be used for different reasons, like the need to conpute the
short-termfeatures only once and to exploit sane by the two classifiers in
different ways which will reduce the conplexity of the system as e.g. the
short - t er ndlestsirfd aatyi die  cadsoul tat esfihge onchef twe shbassiéierer bbageterm
classifier %o?r[?r%rprf%‘gtgﬁ%st.o the other classifier. Also, the conparison

bet ween short-term an ong-termclassifier results my be nore rel evant as
the contribution of the present frane in the long-termclassification
rﬁsultttl S e Q}?&%ﬂe'n%&_i@@ﬂll(i%ql Phoﬁw t'l ngltdtt \ﬁwlefslar_ti]lc&;%ed to such an
short-terntl assification res since the two classifiers share co n
foatures. PRPIIARINAMSH VaS HBMEVEFTM Sl AsSLEiRt o (120'S VERSRRLGPBROREH and
the | ong-terge cllassi fdgte | sHEt Festti i cfegttive Usp the sahe shhokiteepmm
feature (s)_.as t.he short-termclassifier, i.e. both e ort-t

classifier Ca}r‘?c?sﬁ?:lqrdng-lt' &r mng&?%%siscf}}eer Str}ﬁ§tc5|85gll a(fieg? %ﬁélr:esag{eécnt R
shortt er m fleatgsrte s ) c s shf bee dayf erdicu latemtdeir ordspectiveéeshort-
enbodi nent 'apﬁg: \% i o P a rt-term
feature, ifc%?ﬂf{)éte tﬂg&? g’% er fée)g%g?%éf?mg?/ efré%)rhs%‘éerrlecéﬁ,tﬁg?g. t he

vari abtPity of the PLPCCs.Clains 1 . A nethod for classifying different
segrrentz ofwra 1 g@ﬂa!bodti%rx;&isgndﬁsgﬁi%"eidsi a_gosegrfﬁéﬁﬁi@;ﬁe@t ﬂi}e@s_tufs@_ fiolff?t1 50)
type and a second type, .the method conprising: short-term classifyi

the signal %4k i§’h(9frt§ttqré‘hstfc rsehorg-tt erm f@gt%l?ﬂde 55%(3 ac%gég‘%ﬁom

t he signal fasubudsd veaayngpa sbastideaed,cl asgl f itdat i variability of the

PLPCCs.
15



result (152); long-term (154) the signal on the basis of at |east one
short-termfeature and at |east one lon}Ptermfeature extracted fromthe
si gnal amdodeloovas2ing a | ong-term classification result PCIBERR0IANE39
conbining (158) the short-termclassification result (152) and the

| ong-term anal ysis cl assification (156) to provide an output signal (160)
i ndi cati ng whether a segment of the signal is of the first type or of the
second type. 2 . The nethod of clai mGlaigerein the step of comnbining
conprises providing the output signal on the basis of a conparison of the

short-termclassification pesult. (152) to the long-termclassification
resul t (1?6) . .m?ﬁéoﬁet Q8 oF13F S W ANDr @ég%ﬁ%%. PIHRERES | st Dne
short-term f eat signad, oltha neihriy]l acehyzisiing ceghent ssepheat okaklte si gnal
which is to be ¢l ified; .the_at |east. one | -termfeature .i s obtained
by anaﬁizing thgkggirgkggsgﬁgeﬁtnggpﬁetgpﬁhagﬁgnEe3ﬁgdofoﬁg?ﬁjﬁf5keding
segnents of the signal; andthe output signal (160) indicates whether the

current segent oh8:OLcLbR s itefia 0" (P NenSCCaNhIyPg, $he TRt hod

of one of clains 1 to , wherein east one short-termfeature is
obt ai ned by anaP{zRitg 1&®SinAnesi shaf trokwrn 1683t 8Fe aekitracteendtuemartd &

first analysis peghed; and thelavekeagt aneshorg—ierm f alayd flikaisH ned
by angky2|ng an anaé Sii p@ndom/(162) of a second | ength and second

anal ysi% net hod®®EHE f i{t8¢ ) Fengt h being shorter than the second | ength, and
the first and second anal ysis nethods being different. 5 . The nethod of

claima, Mherehgnﬁhﬁeghr%ﬁéfvm%ﬁksggaﬁal on the basis of at least
one short-term feature and at least one long-term
feature extracted from the signal and delivering a

15 long-term classification result (156); and

combining (158) the short-term classification result
(152) and the long-term analysis classification (156)
to provide an output signal (160) indicating whether a

20 segment of the signal is of the first type or of the
second type.

2. The method of claim 1, wherein the step of combining

comprises providing the output signal on the basis of

25 a comparison of the short-term classification result
(152) to the long-term classification result (156).

3. The method of claim 1 or 2, wherein

30 the at least one short-term feature is obtained by
analyzing a current segment of the signal which is to

be classified;

the at least one long-term feature 1is obtained by
35 analyzing the current segment of the signal and one or
more preceding segments of the signal; and



a current segnent of the signal, the second |l ength spans the current
segment of the signal and one or nore p¥%cedi ng segnents of the signal, and
the firstwandiogwdymd | engt hs conpri se an additional per PEd/EP2EQN0B8¥eri ng
an analysis period. 6 . The nethod of one of clains 1 to 5, wherein
conbining (158) the short-termclassification result (152) and the

|l ong-termclassification result (156) conprises a hysteresis decision on
the basis of a tbhebbnégutesdignalwhered)n imdicabds nedetbeudl theorgmtiresd t he

short-tern1c|as§g%&gﬁ£i9g g?;gh& €1pt égﬁet3§_b@”%h%e%%b%%éﬁ%§&EQ$Li0”

result (156), each weighte a predefined weighting factor. e
nmet hod of one of clains 1 to 6 , wherein the signal is a digital signal and

a segnment of thenhsi @88ho&OBEr baeSodscphaesf ined Bymadkerefinsanpl es obt ai ned
at a sgfcific sanpling rate. 8 . The nethod of one of clains 1 to 7 ,
wher ei nt he signal conprises speech and nusic segnents; the at |east one
short-term f eat the ainpilesss tdree PEREECS -paranefestsurand st hebbaihedstoyone

| ong-ter m f eat Ul g, ¢QUPHESSS, RILAN ST AELGEL S| 1Geh MO ML QDO yorlish

met hod of one o erern e shorttermfteaftiure use
short-term cl asanéli gafivataadalieishmethodrmehdat ure used for |ong-term
classification are the sane or different. 10. A nethod for processing a

si gnal conprisigg segnents of at least a first type and a second type, the

met hod %conpri si Bie FasdicApitngoPe16)ong seRfenif st unfe d8gndPteahngdcdance

with the nmet hodaghk198engf a@l aind8 ykils0 Winddlependent oenat ke coudp UWersjtgnal

(160) provided ngtrgécond analysis method, the first 1length being
shorter than the second length, and the first and
second analysis methods being different.

15

5. The method of claim 4, wherein the first length spans

a current segment of the signal, the second 1length
spans the current segment of the signal and one or
more preceding segments of the signal, and the first

20 and second lengths comprise an additional period (164)

covering an analysis period.

6. The method of one of claims 1 to 5, wherein combining
(158) the short-term classification result (152) and
25 the long-term classification result (156) comprises a
hysteresis decision on the basis of a combined result,
wherein the combined result comprises the short-term
classification result (152) and the long-term
classification result (156), each weighted by a

30 predefiﬁed weighting factor.

7. The method of one of claims 1 to 6, wherein the signal
is a digital signal and a segment of the signal
comprises as predefined number of samples obtained at

35 a specific sampling rate.

8. The method of one of claims 1 to 7, wherein



classifying step (116), processing (102, 206; 106, 208) the segnent in
accordance with a first process or a sedénd process; and outputting the
processedVOeH¥ENB32111. The net hod of clai m 10, wherei n PREEPRYIAP43dnpri ses
speech and nusic segnments; the segnent is processed by a speech encoder
(102) when the output signal (160) indicates that the segnent is a speech
segnent; and the segnent .is processed by a nusic encoder (106) when the
output signal (b8) Sig@pdaCORPHSe st KPS MISi g ENe dgient . 12. The
met hod of claim 11, further conprising: conbining (108) the encoded segnent
and information _fromthe output signal (160) indicating the type of the
segment. 13. A Egﬁpu?gr %ﬁ%@faﬁVF%rngF&GEﬁFﬁb, ﬁﬁgHrFunﬁ?ﬂﬁr¥§e§ cput er
t he method of oP&PACsCpairameters;1andl4. A discrimnator, conprising: a
short-ggrn1classifier (150) configured to receive a signal and to provide a
short-teermcl assification result (152) of the signal on the basis of at
| east one short ther nat edtadst egneactenfrermt Headiugeal comheisegnapitch
conpri sing segmeRLs 1k e3li Ji8asti i drnfattidrype and a second type; a |ong-term
classifier (154) configured to receive a signal and to provide a long-term
classification result (156) of the signal on the basis of at |east one
short-termof eat ghe aR@hald loFasineORE lArgnermied Urdhend inciies sKeont+he
signal;,and a dgcisiog c%rcuit %ﬁ8% confiq#$_d to cgnbing.thg.short-%erm
classi¥d cation FESM tE§3595C amtPShe PONGt M 1SS FLEaeroACPEdan §1%6) to
provi de an out ptthe short-term feature used for long-term
classification are the same or different.

10. A method for processing a signal comprising segments

15 of at least a first type and a second type, the method
comprising:
classifying (11e6) a segment of the signal in

accordance with the method of one of claims 1 to 9;

20
dependent on the output signal (160) provided by the
classifying step (116), processing (102, 206; 106,
208) the segment in accordance with a first process or
a second process; and

25
outputting the processed segment.

11. The method of claim 10, wherein

30 the signal comprises speech and music segments;
the segment is processed by a speech encoder (102)
when the output signal (160) indicates that the
segment 1s a speech segment; and

35

the segment is processed by a music encoder (106) when
the output signal (160) indicates that the segment is

a music segment.



signal (160) indicating whether a segnment of the signal is of the first
type or is of the second type. 15. The @Bscrimnator of claim 14, wherein

t he deci sWOROWVA08?1t (158) configured to provide the ouPBEHEPIQYRH33IHN t he
basis of a conparison of the short-termclassification result (152) to the
| ong-termcl assification result (156) .16. The discrimnator of claim 14 or
15, wherein the signal conprises speech and nusic segnents, and wherein the
out put signal (160) indicates whether a segnent of a signal is speech

segnment or 1a Mughe REYNBAL ol €1 AnS 19Nl YGRS UMb ARPALHL US, conpri sing:
a input (110) configured to receive a signal to be processed, wherein the
signal conprises segnents of at least a first type and of a second type; a

]1:! rsz frocessi n@oﬁbg.aaneglozloepfi)tthe ce?ﬁbgeaegsae;@n&h?_cg&a Zﬁ?f@ﬁﬁét_%nt he
irs pe; a secon rocessi ng st.age : onfigured to process
segnents of the%§880 %yﬁg,PHQm%ﬁéﬁ%ﬁng%éP?(fﬂ§iQﬁﬁ§%%ﬁtBﬁeﬁﬁp%n%Fns 14
to 16 coupl ed t theheegment;, and a switching device (112; 202) coupled
between the input and the first and second processing stages and confi gured
to apply the signal fromthe input (110) to one of the first and second
processi ngldtagls chaparidentpoedral dorprerfiqmming,16@henr gmnniag on a

discrimnator (tfbutell. the #HHOLROU e SOBNASIIY & Sjgnal processing
apparﬁfus of claim 17, wherein the signal 1s an audio signal conprising
speec %nd nusi c segnents, and wherein the first processing stage conprises

a speech 14. A discriminator, comprising:

a short-term classifier (150) configured to receive a
signal and to provide a short-term classification

15 result (152) of the signal on the basis of at least
one short-term feature extracted from the signal, the
signal comprising segments of at least a first type
and a second type;

20 a long-term classifier (154) configured to receive a
signal and to provide a long-term classification
result (156) of the signal on the basis of at least
one short-term feature and at least one long-term
feature extracted from the signal; and

25
a decision circuit (158) configured to combine the
short-term classification result (152) and the long-
term classification result (156) to provide an output
signal (160) indicating whether a segment of the

30 signal is of the first type or is of the second type.

15. The discriminator of claim 14, wherein the decision
circuit (158) configured to provide the output signal
on the basis of a comparison of the short-term

35 classification result (152) to the long-term
classification result (156).



?Egg?er (102) and the second processing3§tage conpri ses a nusi c encoder

WO 2010/003521 PCT/EP2009/004339

16. The discriminator of claim 14 or 15, wherein the
signal comprises speech and music segments, and
wherein the output signal (160) indicates whether a
segment of a signal is speech segment or a music
5 segment.

17. A signal processing apparatus, comprising:
a input (110) configured to receive a signal to be
10 processed, wherein the signal comprises segments of at

least a first type and of a second type;

a first processing stage (102; 206), configured to
process segments of the first type;

15
a second processing stage (104; 208) configured to
process segments of the second type;
a discriminator (116; 204) of one of claims 14 to 16

20 coupled to the input; and
a switching device (112; 202) coupled between the
input and the first and second processing stages and
configured to apply the signal from the input (110) to

25 one of the first and second processing stages
dependent on the output signal (160) from the
discriminator (116).

18. An audio encoder, comprising:

30
a signal processing apparatus of claim 17,
wherein the signal is an audio signal comprising
speech and music segments, and

35

wherein the first processing stage comprises a speech
encoder (102) and the second processing stage

comprises a music encoder (106).



