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different segments of a signal comprising segments of at
least a first type and a second type. Embodiments of the
10 invention relate to the field of audio coding and,

particularly, to the speech/music discrimination upon
encoding an audio signal.

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
guantization 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



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 RO PPAHSM Coded excitation coding 2 WO 2010/003521PETTEBYI38166% 339 which is
also called TCX coding is done using a closed loop or an open loop algorithm. Frequency-domain
audio coding schemes such as the high ef- 5 ficiency-AAC encoding scheme, which combines an AAC
coding schemesanda speciredbandwidil rephcatiomi ieghnigugonay s e £ombkined ta adpint stereo
or a multi-changgl ggldiggégoll\gg'tghﬁ oy, ynder the term "MPEG surround”. Frequency-domain
coding schemes are advantageous in that 10 they show a high quality at low bit rates for music
signals. Problematic, however, is the quality of speech signals at low bit rates. On the other hand,

speech encoddisetiehrssytheoRRIR VWBH dfsoctBihage adiighdegsienby eahameerhégistede and a
stereo funstionglityi Spegchnodigsehicrges shewss highigtialiboies speech Sianats eva atlow bit

rates, but sho quality for ign itr 20 [ f the availabl ding
schemes men\?iéo%}g%}%bo%%%gsogme%%?v%i%aﬁgﬁy%%%eﬁégr%ﬁcoé § %\Is'([))ceeecc%1{31'r%(lil %oth%%g being
better suited fo? EhRoding FRESEHR: dftofhalit YegniEfch 8Rd 21d8ekchnsharaflaid signal to
be encoded is andmperednt wWoldh maay 25oeraltimadiarapplieatibasrandmPiGbesusadimdrtier to select

an appropriate grecessmioy-eashdiferentalags eeawniag inarsaugie signag Jhesoverallasformance

of the applicatiop is, Sti ygqu.L n ggih% eli iliﬁy of t §€Ia§ ficatiqn of the audio_signal.
Indeed, a false 30 %Iasz{%ation g?(}je?ra%es n%is-%u%epd S&GCIIEOI’IS an%ﬁj%ir%%rof?wg %ocilo?vjl'rgg

processes. Fig"8showB%P8 fibhal CSEE FsignGsddfor S8AarHtely @hcSRR§EpeddF and music

dependent on thels at low bit rates.

On the other hand, speech encoders such as the AMR-WB+ also

15 bhave 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 Dbeing better suited for encoding music, the
automatic segmentation and classification of an audio
signal to be encoded is 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 audioc signal. Indeed, a false

30 classification generates mis-suited selections and tunings
of the following processes,

Fig. 6 shows a <conventional coder design used 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



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 m{;@(}; 9@9 %daptlve 3WO 2010/0035213PCT/EP2009/0043§% Hp}m Wldeband
(AMR-WS+) codec CE P TS 26.290 V6.3.0, 2005-06, Technical Specification. Further the coder
design comprises a music encoding branch 104 comprising a music encoder 106, for example an AAC
music 5 encoder as it is, for example, described in Generic Coding of Moving Pictures and Associated
Audio: Advanced Auidig £x0sling. Integzationgl Standanki381804450/IEGEIFE L/BEC22HVEA0 Moving

Pictures Experl §1qup, 19%hdf) flae outilsfldag ensadererlt2 a9d:l 06 Feanpected ip.an input
of a multiplexer 108. The.in 1guts of the encoders 102 and 106 are selectively ¢ nnecthble t84an input

line 110 carrylrﬁj’gﬁ“fnpu‘ii U sigfAPRhSRBut sudid™SIGRS is SBEREE 2diecRRAVE the speech
encoder 102 oCHRRALBIENTS éncbdel 206 pyIAeansita svitth EPRER®N %%ICWH‘PFIQ 6 and

being contsolledhyoaiswiteBingiconirpl 4. lexadditien, the sodebdesign coampsises aCspEenh/music

discriminator 116 aﬁe&%sa%w'@g@&@@eigpuaﬁ%ereoiéeei%%@uﬂeﬁwl and QHEuAting R ggntrol

signal to the 20 switch control 1
g Loyitch control, 114, The swich contigl 11d further oyipts, -, 1s0/1EC

JTC1/SC29/WGll Moving Pictures Expert Group, 1897.

10 The outputs of the encoders 102 and 106 are connected to an
input of a multiplexer 108. The inputs of the enceders 102
and 106 are selectively connectable to an input line 110
carrying an input audio signal. The input audio signal is
applied selectively to the speech encoder 102 or the music
15 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 indicatér 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



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 egcoded signal. The mode indicator signal may

have only oqﬁ(p'&tngé&mg'(iating that a datablock assocCiated with the modeﬁe@)&g}a&%@i&;ither 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 ncoded thate tevar appdepriate speether nuusiodddodert Bigt bas mdtadigonal coder
design which i pisegh 0 35digitally;gpeode speechand music siIgnglscapRligd 1o liae 110. enerally,
speech encodgrs do rlietter or&igeec}r}%aﬁd audlotencoders%do Qetterjz%1 mUSI(‘EA E,nlversal coding
scheme can be%se:écr]gne% b‘)"}euslng']s A mtfi-codR? sysié’ﬁ'\n\ii\l/ ich A5 2018008821 C?fé1¥5609/004339
switches from Bhe cBdF &P aRGther 8BESTEiIngTBRhEChakfé of tite ipultigndPEREMOAWFYRI problem
here is to Sesignh scwethsnied inpat sigrnaiclassifier which driges theuanilghingelensdnt abhe classifier

is the speech/@usics; fication of an audio signal introduces a high delay,
whereas, on the other hand, the delay is an important
factor in real-time applications.

10 In general, it 1s desired that the overall algorithmic
delay introduced by the speech/music discriminator 1is
sufficiently low to be able to use the switched coders in a
real-time application.

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 is 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 BAAC 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



5 discriminator 116 shown in Fig. 6. Usually, a reliable classification of an audio signal introduces a
high delay, whereas, on the other hand, the delay is an important factor in real-time applications. 10 In
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Fig. 7 represents (56 Tifst whole frame which can be restituted at the decoder side in any case (long or
short 15 blocks). In a switched coder using AAC as a music encoder, the switching decision coming
from a decisiorl stage sheoitcthedid adding tassinugh ARditicnal delaydoitbe engivabPAC 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 lockahead frame
132 which is needed for the signal analysis in the decision
stage. At a sampling rate of for example 16kHz, the ARARC
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 c¢lassification of an
audio signal a high, undesired delay is introduced sc 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.



20 delay. The additional delay comes from the lookahead frame 132 which is needed for the signal
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low any delay intipdused By 20 thedisprimination. fhis-ehigetis achieyrd By adnetiockefiglaim 1 and
by a discriminator of claim 14, 25 One emcfglﬁlme%t of theﬂnvengon %ci)wq: sa mert__gtiga foEgIrassﬁylng
different segmerits 8P4 siﬁﬁgl%ﬂ%éc %%hala ompHsSifg §59rh&Rts SFat RS LAt typ8 and & Second

type, the meth@tPesmpridireg: SO3hoE-tBRRAIdEsSIAARF the signal on the basis of at least one short-term
feature extracted from the signal and delivering a short-term classification result;

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



long-term classifying the signal on the basis of at 35 least one short-term feature and at least one -
longterm feature extracted from the signal and delivering a long-term classification result; and 7 WO
2010/003521PCT/EP2009/004339 combining the shoft-term classification result and the long-term
cIassificationwgsﬂftﬁf%"f)%vide an output signal indicating whether a segmgﬁir & ﬁ?gg/sﬂl%ﬁg is of the first
type or of the second type. 5 Another embodimentof theinvention provides a discriminator, comprising:
a short-term classifier configured to receive a signal 10 and to provide a short-term classification result
of the signal on the basigtof @i iepst weeshorttermrivaturesogtictad flom thassignakibe signal

comprising segmentslgg‘nagt_lgg%ﬁi f%{%tggje_@{\gaq fgﬁor}%g@ﬁ 133 I%@%clgﬁsif@%igured to

receive the signal and {o provide a long-term classification result of thé signal on the bafis of at least
one short-term featur& s#ifat 1A SrRORY-1&H Fathre®2 0@ m‘%‘? sigh8l & dedtsion
circuit configured to combiihe tHe shbritiapm cassifiction resttAdEHBRNg-term classification result
to provide sn output signal 25indicating whether a segment of the signal is of the first type or of the

second type.  fgpgaments phi jieption iovide e outprbaignangn e, payecla corgparison of
the short-term analysis result 30 to the long-term analysis result.
disCriminator, comprising:

a short-term classifier configured to receive a signal
10 and to provide a short-term classification result 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:;
15
a long-term classifier configured +to receive the
signal and to provide a long-term classification
result of the signal on the basis of at least one
short~term feature and at least one long-term feature
20 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

25 indicating whether a segment of the signal is o©of the
first type or of the second type.

Embediments 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 o¢f 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 apprcach 1is based on the extraction of
features and the analysis of theilr statistics over two
different analysis window lengths. The first window is long
and looks mainly to the past. The first window is used to



Embodiments of the invention concern an approach to classify different non-overlapped short time
segments of an audio signal either as speech or as ngn-speech or further 35 classes. The approach is

based on thwgﬁ]ﬁé}’ﬂ%ﬁf features and the analysis of their statistics over, g&fgg%@hgyalysis

window lengths. st window is long and looks mainly to the past. The first window is used to 8
WO 2010/003521PCT/EP2009/004339 get a reliable but delayed decision clue for the classification of
the signal. The second window is short and considers mainly the segment processed at the present
time or the currgat segmente Theksbeondwindodeibayssd to degetsdroimstaniareoug decisiomeclue. The

two decision cl¢as 3t epta@llycombinede Preferably. byrysingsa bysteresisdsgision whigh.gets the
memory informatign from th gglaxted C!Lue %r#{g the instan%aneous informatiq_r? from the instantaneous
S

clue. 10 Embod_;}ﬁwenf'sgof3 fheeinven cf"‘olnnu e c?rt-tgeef%mfae% ur%g%%?ﬁ?ne%eas oFt- & %?asé%ﬂFer and in

the long-term clasBftiePEo that tAB TWBTaHEIs X plof WiffrRFPRtI¥HESIeHthé SalkeRatife. The
short-termzlasgiier 45 wil extrattoekyube destastameoud irforrtatort becaiseiis haa actesssonly to

one set of featuyes. RasexAMAle. iLeam exIO)t the-Bwranehihe fratyeson thefierhand the
long-term classifier.has acc SS Qc]; several&%s 9 features ecaus¥e it co%&ders aeve a%fram s.As a
: Rt by 651

consequence, t &5 f‘c%%-f’ermc aggiﬁgr can ex%f%?trr%o%él cRAracerstic ro(fr?hg nar loiting
statistics over rieHEfrani%than@he shotbRRdassREs Forexbapia thenong f&eh classiffer can
exploit the variancetahtherfeatisresiordhe evolution of features over the time. Thus, the long-term 25
classifier pgay exploit more information than the short-term classifier, but it introduces delay or latency.
However, the Ic;zlr}ngégeérinmgenattureg d% iteint‘ry%d cjg% delay or late cy, will make the long-term
classification results more robult and Teliable: In soMme EmMbodiments the short: 301erm %Ehlong-term
classifiers may tonsid8fthe Swé sh8Hterntfedtgriesl Whichafidy béRomplifed okeBEmieREged by the
both classifierscThes iifiistich sm enhizodinnget thertongiters icid ssifier expireceive i€ shetitterm

features directly frop3 the sgorsterpnelassifier. 32 Jbedew apRroarh therebypernis 4 geta
dassmcaggn 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 <c¢lassifier. 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 long-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



which is robust while introducing a low delay. Other than conventional approaches, embodiments of
the invention limit 9 WO 2010/003521PCT/EP2009/004339 the delay introduced by the speech/music
decision while keeping a reliable decision. In one emBodiment of the invention th{}t{a Io&lggyead is
limited to 128 SAMS& ,5\3\}hich results of a total delay of only 108 ms. 5 Br%?%%%:rf%{’lon of the
Drawings  Embodiments of the invention will be described below with 10 reference to the
accompanying drawings, in which: Fig. 1 Fig. 2 Fig. 3 Fig. 4

the delay introduced by the speech/music decision while

keeping a reliable decision. In one embodiment of the

invention, the lookahead is limited to 128 samples, which

results of a total delay of only 108 ms.

Brief Description cof the Drawings

Embodiments of the invention will be described below with

10 reference to the accompanying drawings, in which:

Fig. 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 used 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 Dblock 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.



Fig. 5 Fig. 6 Fig. 7 isablockdiagram ofaspeech/music discriminator in accordance with an embodiment
of the invention; illustrates the analysis windows used by the long-term and the short-term classifiers of
the discriminator of Fi ;LiMBUMesﬂmrwaemsBcMhsmnusajmthedScmnmaKwofF@.Lisa
block diagra?ﬁ%?odw é?\llplary encoding scheme comprising a discriminator thaccordance with
embodiments of the invention; is a block diagram of a decoding scheme corresponding to the
encoding scheme of Fig. 4; shows a conventional coder design used for separately encoding speech
and music dependent on peiseripiiasioncd ambudiongignal, afdthe Wevention
2010/003521PCT/EP2009/004339 Description of Embodiments of the Invention Fig. 1 is a block

diagram of a speech/music discriminator 116 in accordance with a embodicrinent of the invention. The
ig. 1 is a block diagram of a speech/music discriminator

116 in accordance with an embodiment of the invention. The
5 speech/music discriminator 116 comprises a short-term
classifier 150 receiving at an input thereof an input
signal, for example an audic signal comprising speech and
music segments. The short-term classifier 150 outputs on an
output 1line 152 a short-term classification result, the
10 instantaneous decision clue. The discriminator 116 further
comprises a long-term classifier 154 which also receives
the input signal and outputs on an output line 156 the
long-term classification result, the delayed decision clue.
Further, an hysteresis decision circuit 158 is 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 line 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 ¢f the invention two
different classifiers 150 and 154 are used in parallel on
the input signal applied to the respective classifiers via
input line 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 clue (IDC) and the
35 delayed decision clue (PDC). 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



5 speech/music discriminator 116 comprises a short-term classifier 150 receiving at an input thereof
an input signal, for example an audio signal comprising speech and music segments. The short-term
classifier 150 outputs on an output line 152 a short-té'r?n classification result, the 10 instantaneous .
decision cIueW?ﬁE'ﬁ’fg}éﬁ?ﬁinator 116 further comprises a long-term classiff)eqwfglzlz%%%(ﬁsg?w receives
the input signal and outputs on an output line 156 the long-term classification result, the delayed
decision clue. Further, an hysteresis decision circuit 158 is provided 15 which combines the output
signals from tha shoiftetmsclassifierel 5 anc thevlohghtedrarclassifiel 1hbAaind manaey as ivil be

described in fugthendetail helaw la generle & ReSHYMUSIG dRCision sigaal whichds guiputen line
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154 are used in, peralighon the input signal agplied (o (2spactiva clapsiflersyiaapyinedl10. The

two classifiers are called long-term 30 classifier 154 and short-term classifier 150, wherein the two
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basis of short-tgyy featyes that have the aim fq captuge insiantipfarmatign about the naiye of the

input signal. Thei/ are related to short-term 11
classitication.

Fig. 2 illustrates the analysis windows used by the long-
term classifier 154 and the short-term classifier 150 shown

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 1i64. 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 1is 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 1is
30 sufficiently long 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



WO 2010/003521PCT/EP2009/004339 attributes of the signal which can rapidly and at any time
change. In consequence the short-term features are expected to be reactive and not to introduce a
long delay to the whole discriminating process. For e;(ample, since the speech 5 is considered to be
quasi-station‘é@’(?ﬁ"@-‘%%s durations, the short-term features may be corﬁﬁﬁf@ﬁzg‘{?é‘}’wf’gme of 16 ms
on a signal sampled at 16 kHz. The long-term classifier 154 generates the DDC on the basis of
features resulting from longer observations of the signal (long-term features) 10 and therefore permits
to achieve more ifakialle glasstficaor Rgdd dlusiralesdbe apalysiscvingeowsniseddictie [bRg- term

it sampling T o Bt o e o cambles,
i.e., the Iong-teir??’lcla?sﬁfieliglhldo%\?%@é%Bang%&ﬁhfrarﬁfés o?ﬁ?éjgédig’é’igngﬁgﬁld aQfitiohP128
samples are neebeeshy i ond-wermaxvicldssifiet 254M@akaiis asHpsistinNg addribraidelay,
which is also refered t9 apéiredpakanead’i s islicaieddn &igd.oh at #8fereraes Sigs164+ Fig.s2 also
shows the shorfiern glassifig Wiﬁqovﬁéﬁﬁé’i‘x@%?,is 10247 128:spmplas |, SPans.ane fage of the

audio signal and the additional 25 delay needed Tor analyzing a current segment. The current segment
is indicated at 138-BS thERRYHAT foribhichRRE €peechHRUSiICAbcistdn nEBSs t6B84HAIE2Fhe
long-term classHigrigindonfintiicaxdd i Fitp 2-is B0 sutficieAtly iing o’88tak¥ fiie 4-+888neryy
modulation chagactesistia 04 Bpeeelt Bie 4-Mzeneegy.motuiationds @ relenant argediseriminate
characterjajic of speqeh whih ISdiignaly sxpiaied b ighystspeechipdsic dipglminaiprs used as
for example by Scheirer E. and 35 Slaney M., "Construction and Evaluation of a Robust Multifeature
Speech/Music Bt ninatsr, ﬁgéf’@%mﬁch?fggy?‘?he@?ﬁ‘ieen&@%bﬂﬁ%ﬁonﬁg a f&ature
which can be ofificedeactdd HiIBhIvibgare signd ba-a fongte werall delay of the
2010/003521PE#{ERREA/004331 tint2segraent) & he edditional detaywbich dsmpredusrddy the
speechimusic dggimialesisad Al {a theniaokphear] 1o 9 1of samplan which iedipeglegy each of
the classggrs 150 and 154 to make the respective analysis 5 like a perceptual linear prediction
analysis a2 it i8S rR By AL Hitfansky, "Perceptive linear prediction (pip) analysis of speech,”
Journal of the Acoustical Society of America, vol. 87, no. 4, pp. 1738-1752, 1990 and H. Hermansky,
et al., "Perceptralichasett lineamprediciie bamdlysisdispeecht 16ASHR S bd2ny985. Thus,
when using theigigcriminaiar of e above smbadimentdn ap encoder deyig asshoydyinfig. 6, the
overall delay Ofl.tgﬁ s(\gv%tc Ed coders 102 and 106 wil b§ 1600+128 samples which eqrargls 108

milliseconds whigh iSSuffiGEn i A foPHEAIE 5 tikde adPiicafibiid Refeverite I RS MRS Fig. 3
descMﬂnéQhe@@ﬁbﬁﬁﬂ?oﬁignal 160. The delayed decision clue DDC and the

instantaneous decision c¢lue IDC, in accordance with an

embodiment of the invention, are combined by using 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, 1IDC) indicates a threshold that F{IDC,DDC} should



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 ih¥ention, are combined by using a hysteresis
decision. Hy&gré‘gfgoﬁ?cr}@esses are widely used to post process decisiond W OEEP 16 i ilize 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 signal should indicate a currently processed segment of the input

signal as being-3 spgech segqment of shimusic seament. heceharggteristic dpystargsissihexcle is seen
in Fig. 3and | re.normalized by the classifiers 150 and [0S way that.the values
are between ?E%n?(?ngv%%rz inl-r% meas EEa%tﬁle ﬁ%eﬁﬁ}so%%ilcs}tcg%ﬁnc m%ljsglkc%l(leb%n% f?noeua%% that the
likelihood is totafyP Eped&th-Rite. B5PThdBECiSPRSS hasta b the vahR dushmciss EIDEDBDC)
examples of wHithanill decdesiorived belovion Figc3rEEDDCs4b@y wtdicates artheeghofd deet
F(IDC,DDE) shoud 113 WR 2040/003524RE THERR0Q/004339: Ensscio 4o feoa ajnysis state to a
speech state. ﬁ;ﬁQDf%ngMLUS”aé%S gc;[hr%s&?!d that F(IDC,DDC) should cross to go from the
speech state to the music State. The final decision D(n) for a current segment or current frame 5
having the index n may then be calculated on the basis of the following pseudo code: %Hysteresis
Decision Pseuds CoderEi(s- Decisisia) FeED CaiaC)<F1(DDC,IDC)) D(n)==music Else

D(n)==speech Efsgr15iH(1R&RRE)>F2(DDC,IDC))

10 If(F{IDC,DDC)<F1{DDC,IDC)}
D{n})==music
Else
I (n}==speech
Else
15 I£(F{IDC,DDC)>F2(DDC,IDC})
D{n)==speech
Else

D(n)==music
%End Hysteresis Decision Pseudo Code
20
In accordance with embodiments o©f 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,DBC)=-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 using the last definition the hysteresis cycle
vanishes and the decision is made only on the basis a
unigue adaptive threshold.



D(n)==speech Else D(n)==music %End Hysteresis Decision Pseudo Code 20 In accordance with
embodiments of the invention the function F(IDC,DDE% and the above-mentioned thresholds are set as
follows: 25F(IDC.DDC)=IDC F1(IDC,DDC)=0.4-0.4*BDC F2(IDC,DDC)=-Q,4-0.4* ernatively,
the foIIowinggVe |lr}11|9%%352rr£ay be used: 30 F(IDC,DDC)=(2*IDC+DDC)/3 FI ér@sé:@ )OS%%S*DDC
F2(IDC,DDC)=-0.75*DDC 35 When using the last definition the hysteresis cycle vanishes and the
decision is made only on the basis a unique adaptive threshold. 14 WO
2810/0035r2]lp%HEBaQ@wr?Qé&&Edh%wemmi@éwt '&mitﬁ@n@ thﬁ,rE&ﬁ%@é?ﬁ% d%@@@i@ﬁﬁﬁribed
above. In the f ing. f odime or ini is re g ining the output
signal will be dgeé%\%%]e ,.695&t Ags%r%p e th'%as%?ﬁngfggg%%%géd%lﬁs%gg%gf ﬁﬁl%eg ?/%?é?%g’fg d?(cgcilgion by
making the thrESRRHAREw hatiPE giBiS bAhiRE TharheleriQREHEDBE ahBIDEYBRIE is
considered to Isé anadrer idliaite diltsipribbiclue because it comes 10 from a longer observation of
the signalsHowever, DDC is computed based partly on the past observation of the signal. A
conventional CB?%E@H’%”%HP@%S&%‘P%G%% yalug R Cfﬁs‘@%é@\refg"%%’ A P¥%%§L54fyi“9 a
segment as speech-like when DDC>0 or as music-like otherwise, will 15 have a delayed decision. In
one embodimeit ot HEThVRYBA KB AP 8 dAPEFRAAESHbMiRg B exbititng theSEE ahliSmake the
decision more ksddtiveh Fortiis autgess the shreEhdldCcanrad al#6d ohibe basiscofshddokoiving

pseudo-code: to be a more reliable discriminate clue because it comes

10 from a longer observation of the signal. However, DDC is
computed based partly 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. In 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
I£(DDC>~0.5%1IDC)
D{n)==speech
Clse
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-1l} 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:



20 % Pseudo code of adaptive thresholding If(DDC>-0.5*IDC) D(n)==speech Else 25D(n)==music
%End of adaptive thresholding In another embodiment, the DDC may be used for making more

reliable the IQ’S'Z;M]%J%%B known to be reactive butfot 30 as reliable asPBH&Z@%H&répor.e, 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) 10 ¢nay beddade meredgelable ydsing a decision tree as it is described as follows:

15 WO 2010/0_9§§f %T/EEZQB@I:/SQQ@?{%Q % Pseudo code of decision tree If(IDC>0 && DDC(n)>0)

D(n)=speech Else i I?g)<_03%§e%h0(n)<0) 5D(n)=music Else if (IDC>0 && DDC(n)-DDC(n-1)>0)

Else if (IDC<0 && DDC{n)<0)
5 D{n)=music
Else if (IDC>0 && DDC(n)~-DDC(n-1)>0)
D({n)=speech
Else if (IDC<0 && DDC(n)-DDC(n-1)<0}
D({n)=music
10 Else if (DDC>0)
D(n)=speech
Else
D{n)=music
$End of decision tree
15
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
20 may suppose that the current segment is 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 clear decisicen, the
25 decision is taken by considering only the'delayed 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
30 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
35 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, 19%0 and



D(n)=speech Else if (IDC<0 && DDC(n)-DDC(n-1)<0) D(n)=music 10 Else if (DDC>0) D(n)=speech
Else D(n)=music %End of decision tree 15 In above decision tree, the decision is directly taken if the
both clues show the same likelihood. If the two clued §ive contradictory indications, we look at the
evolution of & B e difference DDC(n)-DDC(n-1) is positive, we 28MAT EIpBYE that the
current segment is 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
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Turning first ofdiEftheAbng-Fo cISBSREF¥54 FHEASE-SEHAETE for RYtradfitFom &VBH? sub-frame
of 256 samplesaddataf fearrespThefirst$timed isthe Ih PerdgatbalensayPredivt®s Cepstral

Coefficient (PLEGE} aa deseabed fyddnHegnanskiasPerceptive linaaddsediciertpips analysis of

speech.” Journg] of {he ACoRStGeL SRREVRATELEROb FHudi & BR 1/AE-14B2-700.3nd
well as the syllabic 4-Hz modulation of the speech by
looking to the feature variation over time.

10 However, to be more robust, the PLPCCs are combined with
another feature which is able to capture pitch information,
which is another important characteristic of speech and may
be critical in coding. Indeed, speech coding relies 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 reguired 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”,



16 WO 2010/003521PCT/EP2009/004339 H. Hermansky, et al., "Perceptually based linear predictive
analysis of speech," ICASSP 5.509-512, 1985. PLPCCs are efficient for speaker classification by using

human auditQry perception estimation. This feature ?n?ay be used to 5 discrimi and music
and, indeed b‘yeéér%ﬂl g??oog%j%tinguish the characteristic formants of the spee%k@’s%%v&g??gg tgg syllabic

4-Hz modulation of the speech by looking to the feature variation over time. 10 However, to be more
robust, the PLPCCs are combined with another feature which is able to capture pitch information,
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natural vibratoegfttheaspeerth 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 charactegit&%{pa&gmy&etgggﬂg‘rnined: Glottal Pulses Energy Ratio: This feature

computes the ratio of energy between the glottal pulses_and the LPC residual signal. The glottal 30
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2010/003521PCT/EP2009/004339

Once the long~term classifier has extracted the required
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 (11d 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 <clue DDC is then calculated as
follows:

DDC=(1ld_speech-11d_music)/ (abs (11ld_music)+abs(lld_speech))
35

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

maximum likelihood for speech is higher than the maximum

likelihood for music, 11d_speech>1ld music.



3GPP TS 26.290 V6.3.0, 2005-06, Technical Specification) during the long-term prediction. This
feature measures the periodicity of the signal and is based on pitch delay estimation. 5 Pitch delay
fluctuation: This feature determines the difference ofithe present pitch delay estimation when
compared to U EHHE"E83 frame. For voiced speech this feature should belbHBal R &40 and 10
evolve smoothly. Once the long-term classifier has extracted the required 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 ;12[[_1% and a variance of, 1 over. both training sets. For eaccw[}(t?r%lrgm&%gt, the extracted and

. erm C ssifier use as. S r r .
normalized features are gathered letﬁ'ln a Fong-term Slassitier window 20 and modeled b a Gaussians

Mixture Model RERFFS usirfHiRE GatRamainst At tifd&nd e Faifing Shatiehid $rset dfihbFmalizing
parameters anfletatossets bé Giiypamaaistessiarenolithimed iantbwavieth 25Ber edctframeds classify,
the featurgs argfirstiextyacted anganoypalized wit; theanognaligingspasyyeters: e nsximum
likelihood for sgeegh gé%ds _s&)leech} an%haeeTaxL Iikgghood fg{ ‘%ust%]agjl]%g .ranr"llgsic) re computed
for the extracted and normallze)étftéa?ures using the MO the 3 speech class and the M of the
music class, ré&p@etivelf rehd Bl d&tiSion RIUEMPESs tABA cANAiARE LoblsRsech
DDC--(11d_speech:Bd_wnusih)/(@bsflitl trgsic)thbs(1idespeechR@EeDBCasdodad between -1 and 1,
and is positive when thednaximymdikelinnad for speeehis highertban tha maxdmuaylikefigeod for
music, 1;85_speectt]l> d musFilc. ]%WO gom@g%gg JéEIg%gO%JQQ4§3g ‘I;:héa %Q%rctftea[rrpdclassifier
uses as 4 Shorti&im featlire the PLPCTS. Other than 1n the long-term éassﬁer,?hs

the maximum likelihood for speech (lld speech) and the

maximum likelihood for music ({(lld_music) are computed for

using the GMM of the speech class and the GMM of the music

class, respectively. The instantaneous decision clue IDC is

15 then calculated as follows:
IDC=(11ld speech-11d_music)/(abs(lld_music)+abs(1lld_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 long~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, i.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 is only analyzed on the window 128. The statistics 5 on this feature are exploited on this short
time by a Gaussians Mixture Model (GMM) using five Gaussians. Two models are trained, one for

music, and an%ther;or speech. It is worth notifying,]tﬁat the two models é@fg Q}?BQ%Q the ones
L S aré firste

obtained for th fglnogq?:’ésfr% classifier. For 10 each frame to classify, the P xtracted and

the maximum likelihood for speech (11d_speech) and the maximum likelihood for music (11d_music)
are computed for using the GMM of the speech class and the GMM of the music class, respectively.
The instantaneous decision clue IDC is 15 then calculated as follows:

IDC--(lld_sp%cgu-lIdsmﬁg_)é@gﬁ(lld _fgmgggbs(lgq}mggq)) II%' is‘k%%gpd bﬂ\g&gmﬁ;‘ﬁpd 1.20

Thus, the short-term classifier 150 generates the short-term classification result ot the signal on the

basis of the feah#&5PEtptudt LACEP BIaaRRoEEPstiH EhefBRAAIBEPECFORRETREM N g-term
classifier 154 28 pgeheratés thetlbag-tétar chssifichtiod iestdtrof tie sigept datthe Bagisbfalle same
feature "Rercepual dineankrediqtinipCepstraheneificient (PAbske). anthibe ahoveowentgaed
additional featyte(s),.e.q. pitch char, ristic featur, e -tegmq classifier.can exploit
30 different ch%%ég&%ﬁs%?&c% tﬁLe}t;I sh%%%%at%?é |§%%%%%%sgé§?tg%§sp g((?ges%gto a gﬁt e?%bservation
window. Thus FiSoNEGRbirfiR§ hERABRL eriand I ritRshifts #& eHoRGEANTEAPEY are
sufficiently corgidened éor theeaassificatione f.e. tlsepropantids areddffivierstly 36hexplbitdea19 WO
2010/003521RGEAERAGQE/004339 The shottstenadeatiiemanalyzed bydhashett-iegp edagsifier in
accordance with this embodime resp [ the Perc NN rcepti epstral 5
Coefficieeg%s (Pﬁ_%ésflr}n%gn i%né%%%%)%z. gﬂgelrgﬁﬁ%%dargnw%eﬁ%lg& %r?fs%régdghgar?g %l%géker

recognition as W8Il &L BRERFERSs EEE ARGV hE PIBEEs SFETEbS Bdcddit tiBFSflre a great
part of the funetionality ofithe Hinear Priedictidry (LPRwiich isinsed iaarostidf theanodeitiigdeech 10
coder and so Jrpathdamienentedinaswitchedadio spdekeihe REBSLrmiear extractthesformant

structure of the speech as th d taking intp, rc iderations PLPCCs
are more spea %?lgnderp%%‘égnlt{’gnd%%%a%ggg lggg Pﬁ%?#@&tgsl_%%&m%% A7

s more relevant regardi e linguistic |nforn1at|on. An 15 order

of 16 is dsed FRELE kHE &ahTpleaSApaPsiphg). 16 kHz sampled input signa

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 stability (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
ul(k) has the form below:



Apart from the PLPCCs, a voicing strength is computed as a short-term feature. The voicing strength
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standard,"” IEEE Trans. on Audio, Speech and Language 35 Processing, vol. 15, no. 4, pp. 1167-1179,
May 2007. It i§ BaseH 86 aivEvENed BitchRiddkeY b&SedditatBIbtet&tidh. EB8R I fEmeé$ndex k the
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by Gaussian Mi&%rg Mgglrels {gg/lM? as a c(lﬁsséfiser. 'I;vgo Glg/lMsl,ioen forﬁt;g s%%%h g:_,lasg,fand the
other for the niUSIC ¢lass, are applién *Srhe nGmber of mixturés fs made varying in order to evaluate the
effect on the peHEFrEREel FaBRAE SKEWE IRG atBuRKSSatdLl0t YRd B GfERMt fthf5er Gfmixtures. A
decision is competeskfof eveansegmaatdfdolr ssicoessivdframesuTaevesdlbdelfpis thed equal to
64ms whigh isguitable far arswitched apdigcoding dt can heehsarygd that thenperednanse increases
with the number of mixtur%'ls. Tthe p %%Veegclaels5s?MM§ JgmdeSS-Gl\%t}{l{;}s i% pggécl ar em ortant and
can be explain%‘ﬁet‘;))’ the fact that the formant representeﬁon oﬂ‘he éfeech IS too complex to be
sufficiently defirfed ByenIEaNe EatissictAne-GNINCH.Gofs suitable for a switched

audio coding. It can be observed that the performance
increases with the number of mixtures. The gap between 1-

15 GMMs and 5-GMMs is 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-ChiMs 10-GdMa 20-GMis
Speech 95.33 96.52 97.02 97.60
Music 92.17 91.97 81.61 91.77
Avaraga 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 1939, consider variances of
statistic features to be more discriminating than the
features themselves. As a rough general rule, music can be
usually lower

30 considered more stationary and exhibits

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



10-GMAI 20-G1Ns 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 94.66 20 Table 1: Short-term features gllassification accuracy in %
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segments. Moreover the succession of different phonemes
makes the speech features less constant. In this
empodiment, two long-term features are considered, one
based on a variance computation and the other based on a

5 priori knowledge of the pitch contour of the speech. The
long-term features are adapted to the low delay SMD
(speech/music discrimination).

The moving variance of the PLPCCs consists of computing the

10 variance for each set of PLPCCs over an overlapping
analysis window covering several frames in order to
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)= EPLPCm (k- 1) w(i)

i=0

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:

=

=i

mvm(k) = ‘ (PL‘PCm (km i)- mam(k))z . w(i)

il
o

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

30

The moving variance is finally averaged over the cepstral
dimension:

mv(k) = —;—i mv, (k)

m=0

35
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statistic features o%e 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 21 WO 2010/003521PCT/EP2009/004339 segments. Moreover the
succession of giifferpnt phorgmen dnalescitle dpeech deattikedlepswonstartt iksthimembadiment, two
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average mam e PLPCCs is computed over the last N frames as described as foJchws: N-1 Ma
m (k) .EPLPC ¥ eNF 58 hihere PLBM (k) i§ 196 hfthtepstraftsetitient SUE A%StET of M Cosfficients
coming from thenkttefrdrel ThecmdungoRataricEnaville isrhéalemeafaer1ieop @ long
mvm(k)=(pLpciitke i) saanéni2 Wh) wherenw isoa ndndovpatiengtle N whicl js inshigefibediment a
ramp slopg degngd as follows: w(i)=(N-i)/NgN+1)/2 The moving variance is finally averaged over the
cepstral dimension:

0 if ip(k)~p(k-1}<1

0,5 if 19p{k)-plk-1)l<2
pel)={1  if 249 p(k)-p(k-1)}<20

0,5 if 2049p (k)-p(k-1)<25

4] 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, & speech merit, sm(k), is computed in a

way that speech is expected to display a smoothly

fluctuating pitch delay during veoiced segments and a strong

spectral tilt towards high- frequencies during unvoiced
20 segments:

(k)—“ nc{kypc (k) if v{ki20.5
SIE)= {1-nc(k)){l-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)= im(k vl)w (1)

i=0
30
The pitch contour is also an important indication that a
signal is suitable for a speech or an audio coding. Indeed



(11,172, mykk):-L,mvm_( ki min=0 22 WO 2010/003521PCT/EP2009/004339 The pitch of the speech
has rfemarkably propertles and part of them can only be observed on long analysis windows. Indeed
the pitch of speech is smoothly fluctuating during thé ¥oiced segments but is seldom constant. On the

5 contrary, _ it YA very often constant pitch during the whole durafiGh BF A ROIE SR abrupt
changes during transients. The long-term features encompass this characteristic by observing the

p!tch contour on a Iong_ time segment. A pitch contour parameter pc(k) is defined 10as: pc(0=
Oiflp(k)-p(k--1)d5d L5 iflpBaaik- 1M kif2REDri(le 1w 2@ Oakeif28pfig ip(Kk- Rk 2 mattervine

where p(k is e pich cley eampuisi al g James Hskich andha Ruesichel ol egroled

on short time segments of about 5ms. In this manner they
may model efficiently the natural pitch fluctuation of the
5 speech. On the contrary, the same fluctuation harms the
efficiency of general audio encoders which exploit linear
transformations on long analysis windows. The main energy
of the

coefficients.

signal is then spread over several transformed

10

As for the short-term features, also the long-term features

are evaluated

using a statistical classifier thereby

(DDC) . The
25 frames, e.q.

obtaining the long-term classification result
two features are computed using N =
15 considering 400 ms of past history of the signal. A Linear
Discrimant Analysis (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 Tast Set
Spsech 97.99 97.84
Muagic 95.93 95.44
Average 96.96 86.64
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




contour parameter, a speech merit, sm(k), is computed in a way that speech is expected to display a
smoothly fluctuating pitch delay during voiced segm(%lts and a strong  spectral tilt towards high
frequencies during unvoiced 20 segments: Inc(K)pc(K}if smQ14= (1-nc(k)).(1-tilt(k)) otherwise v(k)0.5
where nc(k),‘ﬁf?(ﬁﬁ%?{gs\%k) are defined as above (see 25 the short tergn)zzll) 4 ﬁ]i(éfa%%ﬂ‘gssgpeecrf r)nerit
is then weighted by the window w defined above and integrated over the last N frames: ams(k)=Em(k
-1)w (i) i.o 30 23 WO 2010/003521PCT/EP2009/004339 speech coders work mainly in time domain
and make the ggsumgtion thatthe sigaalssdmrmenicatshqussésthationaryhen Jmrt troe segments of

about Sms. In (g aRRIdhey nay modabsicigaiiihe palaIIEh lstatinn.ahipe 3 pgeech. On

the contrary, the same fluctuation harms the efficiency of general audio éncoders which exploit linear

transformationSTrE R falv G JARGORE. FhEMRRMRrgs 'Ft thie signal is then spread over several

transformed coefficients. 10 As for the short-term features, also the long-term features are evaluated
using a stgtistippkclassifiprdbereby phiainimigthe long-iesesclassifiicatian resoidPRG) Taadwo
feauwesaﬁaCgmgyggkggﬁgE%géﬁiggn5§e$§busiy defined with a LDA followed
by 3-GMMs, The DDC is equal to the logarithmic ratic of the
long-term classifier likelihood of the speech class and the
music class computed over the last 4 X K frames. The number
10 of frames taken into account may vary with the parameter K
in order to add more or less memory effect in the final
decision. On the contrary, the short-term classifier uses
only the short-term features with 5-GMMs which show a good
compromise between 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
ratico 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



15 considering 400 ms of past history of the signal. A Linear Discrimant Analysis (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 £fassifying segments of four successive frames.
Table 2: Lon§YitPiifdres classification accuracy in % The combined clBSEFEFA &AM 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 deserighed ahovs mayde usgd, wWieredhe semery-Afteot isarivendisthe 30 DDC
or long-term dlscrlgunatln clue (LTD M\/gile}.‘the.instant ingut corg%sig

rom th Cy trterm
dlsprlminating %ﬁfe (STC ?ﬁf‘ﬁj‘e ow(; ues aré he %%tpjll?sw St thé T’ong- elrgﬁr}',angd'l tho?t-teZ%%ic assifiers
as illustrated 94 WOLZGTG/OHBI2 G HER2009M004880 iRTIGTL. Aterdeclsion i$98R6HB5%ed on the
IDC but is stakilizedk by ike P%Mmhmytmgs dynameigaliynthectiee sivolds trigferimpaehahge of
state. 5 The lopg-term claggifier-1adwses beth.the longidarm gyd shad-term Ratyrespreyiysly
deflngq Wllth a LDA fqllowe(éigg 3-GMMsm£I'henDD &se e%léaj tg J’_[Q?_ éo aor%hrré'cerat(ijo o}%l?ng-term
classifier likeliRE0F 6t ¥ sp2bch YR BHE ¥ miisie ¢ as%ccompu d over %Ilﬁe |ast rames. The
number When compared to the just mentioned conventional approach,
the performances of the combined classifier system in
accordance with the invention has several advantages. One
10 advantage is that it maintains a good pure speech against
music discrimination performance while preserving the
reactivity of the system. A further advantage is the good
trade~off between reactivity and stability.

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.
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pure speech against music discrimination performance while preserving the reactivity of the system. A
further advantagg isthe geedaaderf| bevecairenstivity and géahilitys1adt thestollewingieference is
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extension functionality. At th ut tage erg,s a nn t ch | or
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each output of &BFE 208 whET BeetEEe 58 hd8RRHDT nfor8TUtHIE, 18, Whed StagdL0d%utputs a
stereo sigtal ortaaiult-bhamse sighah Eiempliity, tHafirst aagn?d Of Asta@rebisignal FF@Fbe a
speech channepand ihe segort ehasrelafdhe stergoagjgnalomay 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.

The decision stage 204 actuates the switch 202 in order to
feed the output of the common preprocessing stage either in

25 a freguency 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



26 WO 2010/003521PCT/EP2009/004339 The switch 202 is controlled by the decision stage 204. The
decision stage comprises a discriminator in accordance with embodiments of the |nvent|on and
receives, as\@rdzzg%%}ﬁ %flgnal input into stage 200 Fa signal output by s]ﬁg%é, tgrnatwely, the
decision stage may also receive a side information which is included'in the mono S|gnal the
stereo signal or the multi-channel signal or is at least associated with such a signal, where information
is existing, which was, for example, generated when originally 10 producing the mono signal, the
stereo signal asihedautichanrelgigasl. imoneEmphodiment Hbetlecision siagmdesset sentrol the

preprocessing sjagg 200 anddbs Agpbeiieen slase 284 1945200 dagsougysioln g urther

embodiment, the processing In stage 200 is controlled to a certain degree by the ision stage 204 in
order to set orP6EbTe pEFRTRSRSTR A S1ede 960 HARliin FEeEiSBRPHhisSHAP Adwever not

influence the general algorithm in stage 200 so 20 that the main functionality in stage 200 is active
irrespective of the degisipieincstagRR@4n TRe deaisinn B2gedR4 asiates &ie switghe2@2 411 order to

feed the Outp%gmer%qm%&ggp@fsswﬂgcﬁ%aq% eyperin2s,a feauencyancading pggion 206
illustrated at an upper branch o 4 or an LPC-domain encodlrﬁé&ﬁtlon 208 |Ilustr§ at a lower

branch in Fig. B°Th é’rﬁ?@ﬁﬁ%ﬁrﬁéﬂ? t5& 3R 2B Ewik hEB Bkt thd tRB%5T E8dind Branches
206, 208. In a hather Shbodirreriy tHereanuy beladditdndl lerieading blarddessUEPCds athird encod-
ing branch or euen aayrthwengeding ranciror £vgprnermgnorging branehes. 8 an esgbagiment with

three enqofinghranchies. N ancading pransh Mavdesialarée 1be Ao.saeqnel ahpding branch.
but includes an excitation encoder different from the exc:ltatl n encoder 210 in the second
certain number of filterbank channels, where the subband

signals in this filterbank may be real valued signals or
complex valued signals. The output of the spectral conver-
sion block 214 is encoded using a spectral audio encoder

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 signai 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-



branch 208. In such an embodiment, the second branch com- prises the LPC stage 212 and a
codebook based excitation 27 WO 2010/003521PCT/EP2009/004339 encoder 210 such as in

ACELP, and the third branch comprises an LPC sta&@ and an excitation encodlgzrg(? meorasgiglg ona
spectral repr‘é@e%?t‘é‘fpgﬁszﬁ the LPC stage output signal. 5 The frequency dSmERERES INg branch

comprises a spectral conversion block 214 which is operative to convert the common preprocessing
stage output signal into a spectral domain. The spectral conversion block may include an MDCT
algorithm, a Qs P F atgarghry Wavelet apalystsiona dRdieskanks suele as@criticallysampled
filterbank havigg a.certain number of fifefhank channels, where the subband signals in this filterbank
may be real valued signals or complex valued signals. The output of the spectral conversion block 214
is encoded using a spectral audio encoder 15 216, which may include processing blocks as known
from the AAC EddingissHemhenT heflowdrenctiig branch R88ecodPtisasza sdaece mgdellana- lyzer
such as LBC 242apthicreouiputs: hxe Kinge of &igiials o0 Qaagignabis apdPls ifermatiam signal
which is used ing the filter. jsti a hesis filter.. This LBC,infarmation is
transmitted to %ﬁ%ﬁg{é}%&ﬁ} e}&gtr%g? tglcq{gjglg%%,l% %%t&%g%r%ﬂ[r%s Z%llsgxctﬁgﬁg%iigg% orf%{n

LPC-domain sFAEE whicHaY inplEintod™dHF &kcitd* 9835h eAtEdel™ e+ THE ERcitalitn BRESder 210 may
come from anyrsamer-fit€bmodakenspdecsuchizsa GELPrenchupy taniACEL R eacddersor any other

encoder whichireeeases | PG demainmgnal mee ANothey excitadionrensedge implenzeiation may be
a trans- foxm coding,af the.excitation sianal._In a Iz t.th citation signal.is not
encoded using ang| ACELP%%%:ebooEmec a%is%%?ﬁt t%lrgn&%&%%?rﬁg%’tna%?%éﬁ'/e:%é;d%%igta spectral

representationand 8 LpEctP it Yegi&Sentd s RFFYERR sadd 85 &bbaRd BnQEHEadPof a
filterbank or fraxfiefeycdatfciensriachséasiedtiagsiaperaicioas an

Such a decoder is illustrated in Fig. 5. After transmis-
15 sion, the signal output by the spectral audioc encoder 216
is input into a spectral audio decoder 218. The output of
the spectral audio decoder 218 is input intoc 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 sterec 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 sterec 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



FFT are encoded to obtain a data compression. An implemen- 28 WO
2010/003521PCT/EP2009/004339 tation of this kind of excitation encoder is the TCX coding mode

known from AMR-WB+. The decision in the decision dtage 204 may be si[%nal- 5 adaptive so that the
decision stad%oz%ﬂ"ﬂ@f‘ﬁ}ﬂms a music/speech discrimination and controls W99 such a way

that music signals are input into the upper branch 206, and speech signals are input into the lower
branch 208. In one embodiment, the decision stage 204 feeds 10 its decision information into an

output bit streaq, sedhalna Arsederdpayyse-iin degisisadnfornadon in grder toperformthg correct
decoding operastiongt§gfh aad codeerlirskci:ll%st@rtiedlisn F@F%A&‘l’[gr transmis- 15 sion, the signal output
by the spectral 2dio encoé’er 1é:|sp|npuflinjfo a spec?ra 50410 éie'coder 218. The output of the
spectral audio decoder 218 is input into a time-domain converter 220. The output of the excitation
encoder 210 offfegedds mpubintoren exetaiidbicdebotlet P3Rakhich auf- 20 putoandd Gelemain signal.

The LPC-domai}-signalis,ippyt g and Riosynthesis-Slaog 224 Whichsecaivess g figher input,
the LPC mformgggrc]ﬂgenerﬁted /t%%thelcorrespor}_;:lér&% LP%J@C aIy%ls stage 212. The outgut of the
0 eLP

time-domain converter 220 and/or the oujtﬁut%F P synt esis 25 stvérdgrbzzf %?e [ Sﬁﬁcﬁ?o a switch

226. The switcP226 19 E8REERd Jia BtsFitch oRhtrAGRAWhich WahdviekdimE tearidi@fed by the
decision stage 284 ramtwhich veaslexternallyopravidett sucthas byt A<reatgnaflthd eriginalimomo signal,
stereo signal oynwiti-chamnel signal. 30 The output of the switch 226 is a complete mono signal which
is subseqgugently 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 stered Bigtaf oPEHAGREI @RENN &G rial 1t Fa st e 8 Sl SR hBR e pReprbeeddtang
includes a chaniwtseducfidn-tonivteshaiisls 2ehand 222, 224. In a further embo-

diment, there may be additional deccding branches such as a
third decoding branch or even a fourth decoding branch 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/ceding
stage. The guantizing/coding stage may include any of the
functionalities as known from modern frequency-domain en-



even be a multi-channel signal, when a channel reduction to 29 WO
2019/003521PCT/EP2009/004339 three channels or no channel reduction at all but only a spectral
band replication is performed. Depending on the spe%ﬁic functionality of the common post- 5
processing s%%é?@?ﬂﬁ% signal, a stereo signal or a multi-channel signaFETélE%({?thEﬁ?ﬁ has, when
the common post-processing stage 228 performs a bandwidth extension operation, a larger bandwidth
than the signal input into block 228. 10 In one embodiment, the switch 226 switches between the two
decoding branchese218, ddthand 22 Re2240dn &fodber embedinenindhese rany bguadditienal decoding

branches such g thirdkgecoding PIANCHOT SYER &1L deceding lianch af 1o qyen mgre decoding
branches. In a}emé)lodl ent with three deco |n%br_anches, t@e thifd, dgl::odlng branch may be similar
to the second deco |ﬁegdlgr‘éh§h,%u?ﬁ% R BRGaBR HREE deF Hiffdre A SHhE xEiEMton
decoder 222 intheaeesptlifandhi2zmaienn shaniémBodpea il d#c sectrid20neivEnccomprises

the LPC stage 2R4«slba ¢odebookhasedeayedaiqn denedss sinfsas rbad Bl andibeiind branch
comprises an LE(. stage and, an excigtion.degadenaperating on a.specirl representation of the LPC

stage 224 output signal. 25 In anothér embodiment, the common preprocessing sta%e com- prises a

surround/joint SI8R%0 BISCRWhth JRiTerafdReL8 BhBtitstt ot <SSR0 Parahelr€ ERtEPmbno output
signal, which isigerigratetlimedownnadndf B8 inppesighabwhichiie 86 atdignal Heeiratwaesr more
channels. Gengradly ctielsignalras the: eptinug okkblegk day alsg ba sighal havirgi meee gBannels, but
due to the glowgmixing aqp@ragonh%num%shagggéﬁéﬂq output of blgek will ‘I'ggxsﬁglger than
the strength, the MDCT operation is a straight-forward MDCT op-

eration known in the art. The LPC-domain encoder may in-

clude an ACELP core calculating a pitch gain, a pitch lag

and/or codebook information such as a codebook index and a

15 code gain.

Although some of the figures illustrate block diagrams of

an apparatus, it is noted that these figures, at the same

time, illustrate a method, wherein the block functionali-~
20 ties correspond to the method steps.

Embodiments of the invention were described above on the
basis o©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-staticnary 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



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 func@idnalities as known from modern
frequency-dSherHI8RY333 WO 2010/003521PCT/EP2009/004339 coders SUbFHHEMRAT encoder.
Furthermore, the quantization operation in the quantizing/coding stage may be controlled via a
psychoacoustic module which generates psychoacoustic information such as a psychoacoustic

masking 5 threshold gueniggifeequensyiwhersdhis kfgenatiogys input iptg,the stageyRieferably, the
spectral conversion i§:ggn§&1§£noqla il\ﬂ@gj’_g%er%tion which, even more preferably, is the time-warped
MDCT operation, Where.t%e strength ‘or, generally, the Warpin%%trength may be controlled between 10

zero and a high warphRytSEEHGRYHH G8&T0 VRHSRE sEBABRR e MBTCW6dralidn & & diriynt-forward
MDCT operation knowpérthe add®he LPKsdORRH éndod€épmayrimcliidedhns&@iéPreore @alculating a

pitch gainga pitch laghnronpadebaek infarsation stich as a-caalock index Agd @ilbicogle gain.
Although some of the f(i_)gcuereg %I#Jstrate block diagrams of an apparatus, it is noted that these figures, at

In . . . )
(j)ﬁfv?/ﬂereln the block functional!- 20 ties corresgond to the method

the same time, illustrate a met A t y ]
steps. Embodiments Bt ' FRERTGA Ticre HSERGSI S85VeWh FedRdis'dfn 468B4nfutskynal

comprising different Segamersts o femnegyisetdifferent segments or frames being 25 associated with
speech information opFWysim FEoHBALGR M nwentian ig noi lipited 9 sugh embodiseents vather, the
approach for classifying diferent seqmens, ota signal amprisino seqments ol 1gast 2 frgt type and
a second type can also be applie audio signals comprisi ree

the frequency domain.

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 wvideo 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,



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 coding3 daptation. For example a transient should be
coded with a'¥hé%EFEdolution filter-bank while a pure 31 WO 2010/00§§5f5@??@5§6?)9/004339
sinusoid should be coded by a fine frequency resolution filter-bank. Voiced/unvoiced: voiced
segments are well handled by speech coder like CELP but for unvoiced segments too 5much bits are
wasted. The parametrigeadingavill dsnpere efteent hSilepessbative Sflgnce eghdess codetavith fewer

bits than activ ggg@ggﬁs.mgﬁrggng an-haymenic 4t will henefieial 4o use for 10harmonic segments

coding using a linear prediction In the frequency domain. 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 ighakilileavricolsigis dnvantdignaldsehekdif tiwdd féspéesvessighaRiRglude
segmentsof differertdypes whithe e qutretdifferesit pyocassingy ikeforrexasiples 28 Thisgpresent

invention may pg qglgp&ggofgé allrgal fime applications which pred s.3egmentation pha time signal. For
instance, a face detection_from a surveillance video camera may be based on a classifie V\ﬁnch
determine for &4 fikel ofh Fim& HHEE"S frafie 86%’ Ep%?‘u%&ttb 2E Bk ire thREn & é’%i(r:ne n) if it

belongs to theffage oka perséreor adtareedlassifieation e, tHerReesEEgentafisAPshodd be done
for each singlerframes €4 fhe vigeorsiceama Hoveruasdesing tde prhesanideventian: dae segsmwentation of
theFﬂeS%Q}ﬂagg%%a%gﬁga@ggggﬁg%ng@gcess the same signal in parallel. The

signal output by one of these branches is selected to be

output, e.g. to be written into an output bitstream.

While embodiments of the invention were described on the

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



30 past successive frames for getting a better segmentation accuracy taking the advantage that the
successive pictures are strongly correlated. Two clagsifiers can be then applied. One considering only
the present frame and another considering a set of fames including present and past 35 frames The
last classifiew&?ﬂﬂ@@?é{e the set of frames and determine region of proﬁgg(ﬁtv?g?/ W& ce position.
The classifier decision done only on the present frame, 32 WO 2010/003521PCT/EP2009/004339 will
then be compare to the probability regions. The decision may be then validated or modified.
Embodimentsmd ¢he irererndiadalsbathe syitth for siéchpnopa betwessdbranelies sothkat atdyione

branch receiveg,a sigaaldg:he Rpcessed and dig other liaprbdoes,patreqsive thesignal In an

alternative embodiment, however, the switch may also be arranged after, the processing stages or
branches, e.gPhe% o gﬁ(?ogdjecrtana e s ec%/eﬁc?&?é*r?% 10 ﬁ‘at%‘b?heﬁraﬁgﬁgg brotass the same
signal in paralfELvERd Sigmaretlped Dyadife oftiese irafehes EoulaEeY BIRISapURad §1% be written
into an ousput PitstregiraiVhieie mbotlipeptoatibedneenticrweredesedbethen ihe dbthasis of digital

signals, the segmenis of which yere determiped by a predefined umber ghsamples obtained at

specific sampling rate, the invention is not limited to Such signals, rather, it is also applicable to analog
signals in which the segment would then be determined by a 20 specific frequency range or time
period of the ahfodBiRjial. 96 SeBkReC eFibiiiiesnd Bf fieinterady wiekéd ¢RSERBAY % EBMbination
with encoders thelugingribe slisesimifatehdt ipnesed that rivasicdlys, therappreacintieacaarddance with

embodiments o the inuention.for 25 lassifying.signals saay algo Peapplied ta decadersegeiving an

encoded signal for which dgfereégt encoding schemes can be classified thereby aIIowir%%the encoded
i

signal to be proViied o &h HHpripFiare BEC0dF 750 DeParding sn SERAATMplefen s
requirements &fkthblifidentive fethodstthe Fivedtvethethdas Aty betirfiementod i MakRlvare or in
software. The mgmt@tﬂmmay be perfenved usifig a@gimﬁé@r@gﬁgﬂqxﬁuﬁnm pdréicikar, a disc, a
DVDoraCD ngi\gng%ecctrg?cal%gea e centrol 3g:signals stareddherepn.yyhich Lp-opgrate with

rogrammable computer systems, such that the inventive methqds are ,
Prog m% desc?gpti n and explana Eon o éke e od%ments 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 used 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 long-term classification result is
more easily deduced by comparing it with the short-term



performed. Generally, the present invention is therefore a computer program product with a program
code stored on a 33 WO 2010/003521PCT/EP2009/004339 machine-readable carrier, the program
code being operated for performing the inventive metAods when the computer program groduct runs
on a comput % ﬁ‘?lt'}f?f}é?%gords, the inventive methods are, therefore, a co%?&ﬁg%" gé’é’?ér% having 5 a
program code for performing at least one of the inventive methods when the computer program runs
on a computer. The above described embodiments are merely illustrative for the principles of the
present inventigha K4S fingetsioad 19<that modificationstand vanationslefthé fimmgensdr@tsand the
details described hereinailhe apparent to others skilled in the art. It is the intent, therefore, to be
limited only by the scope of the impending patent claims and not by the specific details presented by
way of 15 description and explanation of the embodiments herein. In the above embodiments the
signal is descriBed as-bysmtibing aburalifpuRivahes, Mherefes Eikehefanieis &rfliatetffor a
switching decisigpriéiscRotefidhahibe Rthgutentsegiaentidfibe signahwhiceisteviatuatéd for a
switching decisign may,ge ongJramen howeyeLhe juanting g ot daitectio sushpbedisgents.
Rather, a segment of the signal may also compyise a plurality, i.e. two or mae frames. 2 Iéurther, in
the above des&GiREtFéhbdtimehts botﬁ?ﬁ@sh%lrlﬁ tef °a5§gﬁ5fnan A5G TErm Assiat used the
same short-terAofeatiners). Thissaddibach Feay e Lsed asedifbreht raasiRC ke theSR@&d To compute
the short-term term feature({s) which are different from each other.

10
While embodiments described above mentioned the use of
PLPCCs as short-term feature, it is noted that other
features may be considered, e.g. the variability of the
PLPCCs.

15



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 clasgifier. 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
‘long-term classification result is more easily deduced by comparing it with the short-term 34 WO
2010/003521PCT/EP2009/004339 classification ¥&4ii#ft since the two classifiers share common
features. The invention is, however, not restricted to such an 5 approach and the long-term classifier is

not restricted to use, thesade:shattitery teatua(skasdhe shar-tans classifiet kewibofiadhe short-term
classifier and the Iocrgﬁl;%eirsrin clasgiﬁeag1 may g:cai(é‘ rlgg tgh&g Ig%weﬂ%% mg{é-_term feature(s) which are
18 WG Sbeaimonis Qs oAbV Poni

different from each otirer embodime escribed above mentioned the use of PLPCCs as

short-term feature, it is noted that other features may be considered, e.g. the variability of the PLPCCs.
15 35 ' short-term classifying the andio signal on the basis of at least one short-term feature

extracted from the audio signal to determine whether a current segment of the audio

10 signal is a speech segment or a music segment, and delivering a short-term
classification result indicating that the current segment of the audio signal is a
speech segment or a music segment;

long-term classifying the audio signal on the basis of at least one short-term feature

15 and at least one long-term feature extracted from the audio signal fo determine
whether a current segment of the audio signal is a speech segment or a music
segment, and delivering a long-term classification result indicating that the current
segment of the audio signal is a speech segment or a music segment; and

20 combining the short-term classification result and the long-term classification result
to provide an output signal indicating whether the current segment of the audio
signal is a speech segment or a music segment.

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

25 output signal on the basis of a comparison of the short-term classification result to
the long-term classification result.

3. The method of claim 1 or 2, wherein

30

35



Claims 51.A method for classifying different segments of an audio signal, the audio signal comprising
speech and music segments, the method comprising: short-term classifying the audio signal on the
basis of at least one short-term feature extracted figm the audio signal to determine whether a current
segment of the audio 10 signal is a speech segment or a music segment, and delivering a short-term
classification result indicating that the current segment of the audio signal is a speech segment or a
music segment; lofie@rent aBsifmgtens Eadie sigivaibthie dakising actewst spEsAcE-tedm feature
15 and at least oneidigsiersh-faathie texisabtadikrdmrnihe audio signal to determine whether a current
segment of the audio signal is a speech segment or a music segment, and delivering a long-term
classification resul%ndlc?egg oh@altothe curr n%lgeegsmﬂ%rgt.of&%e auql%& al is a speech Segment or a

music segment; an e ning e Shorttermn clasaification resutt and the %rilégs-etgpr%nclassification

result to provide ariR5utiie SigrIARbRSITGARISAITSF AR eeamstssighsendl tisdakudio signal is a

speech segment or a music segment. 2. The method of claim 1, wherein the step of combining

comprises pvidingdhe hautpuhs @naien the basisefa comparison of the short-term classification
result t%he long-term classification result. 3. The method of claim 1 or 2, wherein 30 35 36 the at

least one short-term feature is obtained b%??nalyzing a current seg,ment of the. audia signal which is to

be classified: and tHE &t ESsP U BHGTRAR RS RO E Bit AN &8P by 4R &R ARG e A PRRT s gment of
the audio signal anfrgiensihrivste Precedingssagimshendf the audio signal.

the at least one long-term feature is obtained by analyzing an analysis window of a
15 ~ second length and second analysis method, the first length being shorter than the
second length, and the first and second analysis methods being different.

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

audio signal, the second length spans the current segment of the audio signal and

20 one or more preceding segments of the audio signal, and the first and second
lengths comprise an additional period covering an analysis period.

6. The method of one of claims 1 to 5, wherein combining the short-term
classification result and the long-term classification result comprises a hysteresis
25 decision on the basis of a combined result, wherein the combined result comprises
the short-term classification result and the long-term classification resulf, each

weighted by a predefined weighting factor.

7. The method of one of claims 1 to 6, wherein the audio signal is a digital signal and
30 a segment of the audio

35



The method of one of claims 1 to 3, wherein 10 the at least one short-term feature is obtained by
analyzing an analysis window of a first length and a first analysis method; and  the at least one
long-term feature is obtained by analyzing an analysis window of a 15second length and second
analysis method, the first length being shorter than the second length, and the first and second
analysis methods being different. 5. The method of claim 4, wherein the first length spans a current
segment of the audiersigratiptiressecprsdeiérmgtinispbsiofitaraplee abarrhant spebidatP'dignal and
20o0ne or more preggeling segments of the audio signal, and the first and second lengths comprise an
additional period covering an analysis period. 6. The method of one of claims 1 to 5, wherein
combining the short:term classification.resu the long-term classification result comprises a
hysteresis 2 ‘decis{fgﬁ %ﬁ%ﬂ%s%!é)sni%ogfcéa%:%sn!fb%ﬁngdwrr}é%ﬁﬁ wherein the combined result comprises the
short-term classification result and the long-term classification result, each weighted by a predefined
weighting factor. 7 tHehe Imsthod dborerof fetdims: dniprBeshdi€ibsthrrametiéos sigdal is a digital signal and
30a segment of the audio 35 37 signal comprises as predefined number of samples obtained at a
specifiq sampiing rgie, 56, Thie melhed LN SL SIS b, TAGLEIALIF:AhIgaS, one short term
feature comprises PcCs paramgters; and 10the at least one long-term feature comprises pitch
characteristic information.

9, The method of one of claims 1 to 8, wherein the short-term feature used for short-

term classification and the short-term feature used for long-term classification are

the same or different.

i5
10. A method for processing an audio signal comprising speech and music segments,
the method comprising:
classifying a current segment of the audio signal in accordance with the method of
20 - one of claims 110 9;
dependent on the output signal provided by the classifying step, processing the
current segment in accordance with a first process or a second process; and
25 outputting the processed segment.
11. The method of claim 10, wherein
the segment is processed by a speech encoder when the output signal indicates that
30 the segment is a speech segment; and

35



9. The method of one of claims 1 to 8, wherein the short-term feature used for short-term classification
and the short-term feature used for long-term classification are the same or different. 15 10. A method
for processing an audio signal comprising speech andsgnusic segments, the method comprising:
classifying a current segment of the audio signal in accordance with the method of 20one of claims 1
to 9; dependent on the output signal provided by the classifying step, processing the current segment
in accordance withthefirstipeocsgg@essabbp ndmsicessdena 2Sotipotting shmarodesseddsrggment. 11.
The method of claimel@givhigreinmusic séhaesggment is processed by a speech encoder when the
output signal indicates that 30the segment is a speech segment; and 35 38 the segment is processed

by a music encoder when the qutput signal indicates that the segment is a music segment. 12. The
method of cli\#m II,%&ﬁﬁéerﬂboéiﬂE?ﬁf ?Ilcc?m?ﬁﬁ&’i‘ﬁgsél?’ﬁ:oded segment and information from the

output signal indicating the type of the segment. 13. A computer program for performing, when rumiing
on a computer, thecmathadgoheracol elaitasmdntad? infdumfs thadtivninatorppamyeisinglitbtaghort-term
classifier configuregd,{qyecefvi.aB.atidio signal and to determine whether a current segment of the
audio s'i nal is a speech segment or a music segment, and to provide a short-term classification result
of the audio signal on the basis of at least one short-term feature extracted from the audio signal, the
short- 20 terf? clasSRABBH S SOR IHUIA RS PR e QST SHELBE Mo ACSTIE L R el i a speech
segment or a musiosegimiatsthéodddio signal comprising speech and music segments; a long-term
classifier configured to receive a audio signal and to determine whether

14, A discriminator, comprising:

15
a short-term classifier configured to receive an audio signal and to determine
whether a current segment of the audio signal is a speech segment or a music
segment, and to provide a short-term classification result of the audio signal on the
basis of at least one short-term feature extracted from the audio signal, the short-

20 term classification result indicating that the current segment of the audio signal is a
speech segment or a music segment, the audio signal comprising speech and music

segments;

a long-term classifier configured to receive a audio sigoal and to determine whether
25 a current segment of the audio signal is a speech segment or a music segment, and
to provide a long-term classification result of the audio signal on the basis of at
least one short-term feature and at least one long-term feature extracted from the
audio signal, the long-term classification result indicating that the current segment
of the audio signal is a speech segment or a music segment; and
30

35



25 a current segment of the audio signal is a speech segment or a music segment, and to provide a
long-term classification result of the audio signal on the basis of at least one short-term feature and at
least one long-term feature extracted from the audg@ signal, the long-term classification result
indicating that the current segment of the audio signal is a speech segment or a music segment; and
3035 39 adecision circuit configured to combine the short-term classification result and the
long-term classificatidsirdsuttiterjrenvitievss cunoatbingribe ishdicdemy sasedicatitnaselirmeftegment of
the audio signal is mspeeshsagmentar@asmusicpsegieent. dipakhepaiscridimaigrdi«ciaimht4, wherein
the decigion circuit configured 4o proyidedhegHiPitsignakordhehasisaia.copparison of the
short-term classification result to the long-term classification result. 10 16. An audio signal processing
apparatus, comprising: a input configured to receive a audio signal to be processed, wherein the audio
signal comprides spéedisamapiniokelgimets whsrsitithe sletdesipgcuth g iBhe (re¥dProcess
speech segments; the outmmiseégmidprocessing stagepeosfiguf det theprocessnmsificaegmerits; 20a
discriminator of clajgud gsrlorGavpladte-ing Rkt and a switching device coupled between the input
and the, first and second processing stages and configured to apply the audio signal from the input to
one of the first and second processing stages dependent on the output signal from the discriminator.

25 17. An auflo ent8defie SRl EMGS SR atRAB Lign ST PPSEESIng apparatus of claim 16, 30 35

a input configured to receive a audio signal to be processed, wherein the audio

signal comprises speech and music segments;

15
a first processing stage, configured to process speech segments;
a second processing stage configured to process music segments;

20 a discriminator of claim 14 or 15 coupled to the input; and
a switching device coupled between the input and the first and second processing
stages and configured to apply the audio signal from the input to one of the first and
second processing stages dependent on the output signal from the discriminator.

25

17. An audio encoder, comprising:

an audio signal processing apparatus of claim 16,

30

35



40 wherein the first processing stage comprises a speech encoder and the second processing stage
comprises a music encoder.

40

wherein- the first processing stage comprises a speech encoder and the second

processing stage comprises a music encoder.



