1 A METHOD OF SYNCHRONI ZI NG TWO DI G TAL DATA STREAMS W TH THE SAME CONTENT
The invention relates to a nethod of synchronizing two digital data
streans with the sane content, for 5 exanple a reference streamtransnitted
by a broadcasting systemand the received stream which may be degraded,
the nethod being usable in particular to evaluate transm ssion quality.

The i ntroducti di. gi y. into the 10 field of broadcasting
audi ovi sual éi%ﬁgﬁéDhgg %gﬁﬁéggﬂ38&ﬁngBPoEBEEFéLaHaTﬁeﬁﬁéEﬁﬁétWGEErs may
be offered nBHB SBBEVLCCESENThe signals are nodified during the varlous
stages of broadc (e onstraints .15 inposed, for
exanple in terns gjﬂfﬁ%elbqtq“} aie or n%vésgﬁ? gtgeués:k}a %ha SO ]
deterioratioﬁwﬁuﬁiﬁgt@lfﬂﬁéalStIEﬁmﬁsWishibheceametconSenTo ferable to

provide g qU@ké&%lés§U£§§e§§ﬁ¥éc§tréém t§aH§ﬁ§§§@&ybgo dB¥8£8B £99£a and
i nstrunents 0 neasuring the quality of the si wher

appl i cabl e, FHFLeBtPRAL PR FRECHUGA ELBBABS WhéCthPErP@r€§G§ﬁd@ﬁat has

occurr ed. lvaﬂr;{em@subdnlgeﬂﬁ@h@séblaayﬁ peenideyelopedeforuthis purpose.
Most of them are based on c?gparlng the signal present at the input of the
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of broadcasting them because technical constraints
15 imposed, for example in terms of bit rate or bandwidth,
cause characteristic deterioration during difficult
transmission conditions.
To be able to provide a quality assured service, it
1s necessary to develop tools and instruments for
20 measuring the quality of the signals and, where
applicable, for estimating the magnitude of the
deterioration that has occurred. Many measuring methods
have been developed for this purpose. Most of them are
based on comparing the signal present at the input of the
25 system under test, which is called the reference signal,
with the signal obtained at the output of the system,
which is called the degraded signal. Certain “reduced
reference” methods compare numbers calculated for the
reference signal and for the degraded signal instead of
30 using the signal samples directly. In both cases, in
order to evaluate quality by means of a comparison
technigque, it is necessary to synchronize the signals in
time.
Figure 1 deplcts the general principle of these
35 methods.
Although synchronization of the signals may be

easily achieved in simulation or when the system under



easily achieved in sinulation or when the systemunder 2 test is small, for
exanpl e a coder-decoder (codec), and not geographically distributed, this
is not the case in a conplex system in particular in the situation of
monitoring a broadcast network. Thus theZsynchronization 5 step of quality
measuri ng algorithns is often critical. In addition to applications for
measuri ng qu dcast nehmnrk t.he t hod descri bed herein is
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varlatlggs I&eéggts this in the case of two audio signals. The
problem is to determine a shift DEC that will synchronize
the signals.
In the case of an audio signal, the portion (or
element) for which a correspondence has to be established
20 is a time window, i.e. a period of the signal with an
arbitrary duration T.
The existing methods may be divided into three
classes:
¢ Correlation approach in the time domain: This is
25 the most usual approach and consists in comparing samples
of the two audio signals Sz and Sp; to be synchronized,
based on their content. Thus the normalized
intercorrelation function between Sz and Sp, for example,
looks for the maximum resemblance over a given time
30 period T, for example plus or minus 60 ms, i.e. a total
period of 120 ms. The accuracy of synchronization
obtained is potentially to the nearest sample.
e Correlation approach in the time domain using
marker signals: methods that use this principle seek to
35 overcome the necessity for significant variations in the
signal. To this end, a specific marker signal designed

to allow robust synchronization is inserted into the



signal. To this end, a specific marker signal designed to allow robust
synchroni zation is inserted into the 3 audio signal SR Thus exactly the
sanme intercorrelation nethod may be applied to the marker signals
extracted fromthe signals SR and SD t o e synchroni zed, which in theory
al  ows robust synchroni zation regardl ess of the 5 content of the audio
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15 identifying, for each marker of the reference signal, the
nearest marker in the series of markers associated with
the degraded signal.
A powerful signal synchronization method is
characterized by a compromise between:
20 - its accuracy, i.e. the maximum error that occurs
on sinchronizing two signals (in particular, the method
may be sensitive to the content of the signals),
- its calculation complexity, and
- finally, the volume of data necessary for
25 effecting the synchronization.
The main drawback of the techniques most usually
employed (using the correlation approach referred to
above) is the calculation power that is necessary, which
becomes very high as the search period T increases (see
30 Figure 2). Another major drawback is the necessity for
the content to evolve significantly and continuously.
Depending on the type of signals analyzed, this is not
always achieved. The content of the signals therefore
has a direct influence on the performance of the method.
35 Moreover, to utilize this type of approach on complete
temporal signals, it is necessary to have both the

signals Sg and Sp available at the comparison point; this



35 Moreover, to utilize this type of approach on conplete tenpora
signals, it is necessary to have both the signals SR and SD avail abl e at
the conparison point; this 4 is a very severe constraint that is inpossible
to satisfy in sone applications, such a€¢ nonitoring an operational
broadcasting network. A feature of the second approach (using correlation
5 with marker signals) is the nDdlflcatloB of .the content of the audio
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not always satisfactory, only a few applications are able
to use a technique of this kind.
In the context of broadcast network monitoring, and
because of the multiple constraints that apply to the
20 signals transported and the multiple equipments the
signals pass through (coders, multiplexers,
transmultiplexers, decoders, etc.), there is no strict
relationship between the audio signals and the temporal
markers. Thus this solution does not achieve the
25 necessary accuracy for a quality measuring application
using & reference.
An object of the present invention is to define a
method of achieving synchronization with a chosen level
of accuracy, of lower complexity than existing methods,
30 and combining the advantages of several approaches.
“Coarse” synchronization in accordance with the invention
delimits an error range whose duration is compatible with
the subsequent use of standard “fine” synchronization
methods if extreme accuracy is required.
35 The novelty of the proposed method is that it
achieves synchronization on the basis of at least one

characteristic parameter that is calculated from the



met hods if extrenme accuracy is required. 35 The novelty of the proposed
nmethod is that it achieves synchroni zation on the basis of at |east one
characteristic paraneter that is calculated fromthe 5 signals SD and SR
and defines a nultidinmensional trajectoy, fromwhich the synchronization
of the signals thenselves is deduced. Because this nethod uses the
tenporal content of the signals, the content nust vary 5 continuously to
ensure opt i nfikFBFhHE hPorA¥htIroRNdasisiingse a piiléd ddmensdeperal correl ation
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available at the same location. Consequently, it is not
possible to use the standard temporal correlation
approach. Moreover, in the context of a quality

20 measurement application, the second approach using
correlation with marker signals is not easily applicable
because it impacts on the quality of the signals. In
contrast to this, the synchronization method of the
invention is compatible with guality measurement

25 techniques based on comparing parameters calculated from
the signals. The data representative of the
characteristic parameter(s) is usually conveyed to the
comparison points over a digital link. This digital link
advantageously uses the same transmission channel as the

30 audio signal; alternatively, a dedicated digital link may
be used. In one particular embodiment, used in a quality
measurement application, the data used to achieve
synchronization is obtained from one or more quality
measurement parameters. Moreover, coarse synchronization

35 is obtained from data D1 and D2 calculated at intervals
of A = 1024 audio samples. Fine synchronization may be
obtained from data D1 calculated at intervals of A = 1024



synchroni zation is obtained fromone or nore quality neasurenent
paraneters. Moreover, coarse synchroni zation 35 is obtained fromdata D1
and D2 calculated at intervals of A = 1024 audi o sanples. Fine
synchroni zati on nmay be obtained fromdata Dl cal cul ated at intervals of A
= 1024 6 audi o sanples and data D2 calculated at intervals of r < A for
exanple r 32 audio sgngles Thus in this _case the nethod_obtains fine
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of their conigatt Himétogenreabesahésysahdragabers1p9iatséabloand D2
15 evaluate the quality of the signal. The ability to start
from an extended search period is also beneficial,
especially as the robustness of synchronization increases
with the duration of the starting period.

The proposed method therefore does not impose the

20 use of temporal markers external to the audio signals.
The signral to be synchronized does not need to be
modified either, which is important in a quality
measurement application.

Thus the invention provides a method of

25 synchronizing two digital data streams with the same
content, characterized in that:

a) 1t generates at given intervals for each of the
two digital data streams 3; and S, at least two
characteristic numbers expressing at least one parameter

30 characteristic of their content;

b) it generates from said numbers points D: and D;
associated with each of said streams and representing at
least one of said characteristic parameters in a space of
at least two dimensions, the points D; and the points D2

35 that are situated in a time period T defining
trajectories representative of the data streams S; and S

to be synchronized;



associated wth each of said streans and representing at |east one of said
characteristic paraneters in a space of at |east two dinensions, the
points D1 and the points D2 35 that are situated in a tine period T
defining trajectories representative of the data streans S1 and S2 to be
synchronized; 7 c) it shifts the time periods of duration T assigned to
the digital data streans S1 and S2 relative to each other by calculating a

criterion of superPositiDhoFs i TP jREE HILLhaH TRF 61 optaskaned ue
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stream Sk, }quggggrSgggﬁrﬁ%gggglhﬁ.a stream S2 received via a
t

transm ssion system e numbers characteristic of the reference stream Sl
are transmtted tHr evit tHIORP tHee FHukiderketotiammciles isine reridws recei ved

stream S2 argope§pbrytabedoi BatheopechimelralAef kESL var{ant of the method
is characterized in t step ¢) entails; cl) calculating a distance D

hat th .
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first time period Tie dugtatdodni s sadehrat sspeond | réj ecierer a4 esendred: by t he
poi nts be gLpg. 10 g.second.tjne eriod.of duration T, said djstance D
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D2 of the twhuhbajECERALESteristic of the received stream S, are
15 calculated in the receiver.
A first wvariant of the method is characterized in
that the step c¢) entails:
cl) calculating a distance D between a first
trajectory represented by the points D; belonging to a
20 first time period of duration T and a second trajectory
represented by the points D; belonging to a second time
period of duration T, said distance D constituting said
superposition criterion; and
c2) shifting said first and second time periods of
25 duration T relative to each other until a minimum value
is obtained for the distance D that constitutes said
optimum value.
The distance D may an arithmetic mean of the
distances d, for example the Fuclidean distances, between
30 corresponding points Dy, D, of the two trajectories.
A second variant of the method is characterized in
that the step c¢) entails:
cl}) calculating a correlation function between
corresponding points D;, D; on the two trajectories, said
35 correlation function constituting said superposition
criterion; and

c2) shifting said first and second time periods of



A second variant of the nethod is characterized in that the step c)
entails: cl) calculating a correlation function between correspondi ng
points D1, D2 on the two trajectories, said 35 correlation function
constituting said superposition criteri@n; and c2) shifting said first and
second time periods of 8 duration T relative to each other until a m ninum
val ue of thgucorrelation function is obtajned that constitutes _said

opti mum val uBYTASE AR § GEFHREAVSoFOt RRSHePhBATi ¥RERAr AcFRERiBEB VALUS t hat
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segnents of the two .trajec%ories, said mni mum val ue constituting said
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i nt er cepted b¥ ﬁggceSSLve segnenté defined by the points of said
t d

trajectories? t bt AP SFhPEY CePl'®d area 20 constituting said superposition

criterion; and c2)cxhidhifgindesdidref jpert cdsd ofechndttion heriadd wef to
each ot her uptij i Qi e._l.s aj of said_ total intercepted
cach oL 0L, Bbkby 2o 8 DUTLYRL Y, beogbhopedohn 0y hebehriescent
synchroni zat tenowbaenadcaeat eheodéfdérencds geveaenntkevabduanyobe equal to

A for one of jthe.datg: 5 $tLgaps-and8684al,L50 oL ¢t oither data
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optimum value.

15 The method may be characterized in that the step ¢)

entails:

cl}) converting the two trajectories into a series of
areas intercepted by successive segments defined by the
points of said trajectories, the total intercepted area

20 constituting said superposition criterion; and

c?2) shifting the time periods of duration T relative
to each cther until a minimum value is obtained of said
total intercepted area, which minimum value constitutes
said optimum value.

25 To make synchreonization more accurate, one of said
given intervals may be equal to A for one of the data
streams and equal to r < A for the other data stream.

The method may be characterized in that the
generation of said characteristic numbers for a reference

30 audio data stream and for a transmitted audic data stream
comprises the following steps:

a) calculating for each time window the spectral
power density of the audio stream and applying to it a
filter representative of the attenuation of the inner and

35 middle ear to obtain a filtered spectral density;

b) calculating individual excitations from the

filtered spectral density using the frequency spreading



30 audio data streamand for a transmtted audio data stream conprises the
follow ng steps.: a) calculating for each tine wi ndow the spectral power
density of the audio streamand applying to it a filter representative of
the attenuation of the inner and 35 m ddl% ear to obtain a filtered
spectral density; b) calculating individual excitations fromthe filtered
spectral density usin the frequency spreading 9 function in the basilar
scal e; «¢) de%BP%FﬁPﬁggPhE EoﬁﬁgéééédsFéﬁﬁness fromsaid individual
excitations using @ fdmméxminim@e&n@g:ddmmdllmeéé efteNCya Sensi tivity

f th bt 5_b t d d t he_basi
Comonent s i ARa2R-BhaucadEt Bl R TRER DA £ERRcLbn ARG T LB Ehor T o

§ERlerassgd
three classéspeandfcabvahayi agnbotigath ofasbeaecnaupbep Gbtaepresenting the

sum of the fgggyggglggmggngggg cLags, 10 the characteristic nunbers
consisting of the nunbers C. Alternatively there are n' < n characteristic

nunbers gener at ed®f rRRRXER L UMY P ile AR eHos e forn reiassemich

| over than thernughep1ef waapel 8S« Boraﬁaaﬁpb@eQaQiy theesthbat nunber. 15
The net hod naiabe char act er n that t eneration of a characteristic

nunber for a“refeFence™“abdi BugﬁFéngt 85n?3ﬁa FLRSE erBHERPEL&d audi o data
stream conprépesstheifgl thwi agmsteépsheafreghentatsngiNcaeef tigkepts of a

predictign f e e ive _nmpdel in and det rnln ng in
each te?qe)orajfhé Eaagg?ﬁ¥r§§£?éuﬁﬁﬁ§§ ﬁecg?s%ﬁt g%&g Egé nPﬂ “HFfference
bet ween the Blgmahatpredictedrbyaneans of nt hbapaetiecisonct hhmkerand the

audi o si 9na!;ené%@eﬁﬂﬁ%%%QiﬁdhﬁﬁbQEOr85' d@geve Y22, 50081 kLU ;1“9 one. of

said characteéristic nunbers aracterized I'n
gener ati on oFusShj 4o¢har beaer FBEi BuURbAbers Fémpéeﬁefé@én@éaﬁnéﬁood@ﬂa stream

and for a trang8ittedtandneedata stream

15 The method may be characterized in that the
generation of a characteristic number for a reference
audio data stream and for a transmitted audioc data stream
comprises the following steps:

a) calculating N coefficients of a prediction filter

20 by autoregressive modeling; and

b) determining in each temporal window the maximum
value of the residue as the difference between the signal
predicted by means of the prediction filter and the audio
signal, said maximum prediction residue value

25 constituting one of said characteristic numbers.

The method may be characterized in that the
generation of said characteristic numbers for a reference
audio data stream and for a transmitted audio data stream
comprises the following steps:

30 a) calculating for each time window the spectral
power density of the audio stream and applying to it a
filter representative of the attenuation of the inner and
middle ear to obtain a frequency spreading function in
the basilar scale;

35 b) calculating individual excitations from the
freguency spreading function in the basilar scale;

Cc) obtaining the compressed loudness from said



conprises the follow ng steps: 30 a) calculating for each tinme w ndow t he
spectral power density of the audio stream and applying to it a filter
representative of the attenuation of the inner and mddle ear to obtain a
frequency spreading function in the basl®ar scale; 35 b) cal culating

i ndi vi dual excitations fromthe frequency spreading function in the

basi | ar scal ¢; % obt ai ni ng t he conpressed | oudness from said 10

i ndi vi dual exBPLBLFOAL B¥FA aElPHﬁCPPbﬂgnﬁdEPPHBlPﬁemﬂﬁﬁl1P9nEQ? RPBGuency
sensitivity ointhe eaéqutaﬂcgbsansltbastyabfcanpoe@mstodbb@ahﬁul ating from
sai d basil ar psomponent s N g predi ction coefficients of a prediction
filter by au?%re%?egg P/% WOd8r i ng; and e) generating at |east one
characteristic numercdlorulaaiols timen viaidbvbd soim atcdgasterone 0f the N

predi ctign ﬁQ@&ibEiSHtéoe%?lgﬁénﬁgaéﬁcéeékg&EE FHHb?E§t ypgonsist of 1 to

10 of said prediction coefficients and prefera said
coeff|C|entsautﬁéeﬁﬁaﬁﬁéV@rW@ﬂ?élﬂﬁnbéﬁdfor an audlo signal may be the

i nst ant aneous IOOWBé a;ﬂéﬂé)faﬁlhﬂ; spectdalt Wrcmﬁé’ms}l@l@r}ﬂiﬁef heor
bandw dt h. chgracterl tlc nunber ior a video_signal may he the

cont i nuous c%%?lf‘ Bt "oP e He F PEnSF of RBFF RN BYOR © ?n@arpéﬁﬁlGFf-ﬁBgonal

transf orm of ca¢ffeasénbae portion of an imge belonging to the data

stream ,said 20 transf ti.on being effected by bl ocks or gbal |
and/ or the contras eofcq{a éetae':s lSgcnlecqanruenélbeo S tr%aéy gjo tq h]eé/scb%tl al
activity SA stidtpredsttone apedfdfiantsi aagepnefetsbﬂ.gnﬁotal Sacfivity

(defined by %Qﬂ@%@)é?f‘lc%ﬁlﬂsa previous image), and/or the average
brightness of 25 at least one area of an inmage. The points may be generated

fromat |east two Othatuetasietistfumerenbtar med F4dbim &yl enay be

the instantaneous power and/or the spectral power density
15 and/or the bandwidth.

One characteristic number for a video signal may be
the continuous coefficient of the transformation by a
linear and orthogonal transform of at least one portion
of an image bélonging to the data stream, said

20 transformation being effected by blocks or globally,
and/or the contrast of at least one area of the image,
and/or the spatial activity SA of at least one area of an
image or its temporal activity (defined by comparison
with a previous image), and/or the average brightness of

25 at least one area of an image.

The points may be generated from at least two
characteristic numbers obtained from a single
characteristic parameter.

Alternatively, the points may be generated from at

30 least two characteristic numbers obtained from at least
two characteristic audio and/or video parameters.

The method may be characterized in that the data
stream comprises video data and audio data and the method
effects firstly video synchronization based on points D;

35 and D, associated with at least one characteristic video

| parameter corresponding to said video stream and secondly

audio synchronization based on points D”1 and D”2



characteristic paraneter. Alternatively, the points may be generated from
at 30 least two characteristic nunbers obtained fromat |east two
characteristic audi o and/ or video paraneters. The nmethod may be
characterized in that the data stream cbhprises video data and audi o data
and the nethod effects firstly video synchronization based on points D1 35

and D2 aSSOCIated m%tg at hea?t one_charac erlsglc vi deo Earaneter
cor r espondi ng°t8 sar gV aE r EEAPENE S EBRARG T AT s FHERPONI zat i on
based on p0|pasaﬁ%teandoﬁkésmmndssgctated1WAahdab Eeashmone characteristic

audio parameter c Iné?Qb Qcﬁﬁ%& ? {ﬁa@Baﬁt né es &

characterized int | es a ernlnln
synchronlzatﬁéﬁpsﬁffﬂebéfmééﬁnghéhGSSyhééQOs@Eéampandhuﬁe a|UWeesttban1as

the differengeqbst weenamabfdashhbt sudetespi-ngdl Lar chheqyrdeoogrteeam and for
the audio stream Oher features and advantages of the i1nvention wll

becone rore AFpHFERt SBASr 8R4FRG PRECHBIRPAPEPENTtRFL Kideor 8EERBRCANED t he
appended drawbngshei AushbcbtrEagure 1 shows the architecture of a prior art

system for measuri t he ality of ~-an au sig Figure 2 depicts the
audi o si gnal synch&grh ‘?qao% %Ioabr?%n?d a‘ﬁ%ﬁé 1lsh%h’o‘?lbgezatnl‘?rhc"!”e]a]se in
synchronizatbeqomacmqracypphaEnhaynbeeadhngveﬂe|deBhelpbmbﬁxwlﬂﬁ t he

present s hvepkighenceFLgUERoda0BBhGLY ADAGXAGN, &1 A1, hygybi di nensi onal

trajectorles of audi o sIgna e sync éd'I'n a 0 situation where r
Al 2; - Figures 5 dnidieralehigtovsw-hvarazatistettusy ehrom sy artbet ween

two traJectogysﬁea8§b9nﬁea59rawg tﬁ§t§u§15€§”§f athgaES 4ib8a@; Tl owchart
of a trajectory- based 25 ) nchronlzatlon net od of the invéntion; -
Figures 8 to 10 depl Jhg pudio 51gnal synchronization

problem;

15 - Figure 3 shows an increase in synchronization
accuracy that may be achieved in the context of the
present invention;

- Figure 4 depicts an example of two bidimensional
trajectories of audio signals to be synchronized in a

20 situation where r = A/2;

- Figures 5 and 6 depict two variants of
synchronization between two trajectories assigned to two
data streams;

- Figure 7 is a flowchart of a trajectory-based

25 synchronization method of the invention;

- Figures 8 to 10 depict synchronization in
accordance with the invention when the significant
parameter is a perceived audio parameter, Figures 10a and
10b respectively depicting the situation before and after

30 synchronization of two trajectories; and

- Figure 11 depicts a use of a method employing
autoregressive modeling of the signal with linear
prediction coefficients as the characteristic parameter.

The first step cof the method calculates at least two

35 characteristic numbers from one or more characteristic
parameters over all of the time windows of the signals to

be synchronized and over the required synchronization



accordance wth the invention when the significant paraneter is a

percei ved audi o paraneter, Figures 10a and 10b respectively depicting the
situation before and after 30 synchronization of two trajectories; and -
Figure 11 depicts a use of a nethod enpld¥ing autoregressive nodeling of
the signal with linear prediction coefficients as the characteristic
paraneter. The first step of the nethod cal cul ates_at |east tw 35

characterlstPErﬁaﬂbe?gcprBHWBﬁE oF hBFPEeERLFatRerPsered phrAREesvalaver al
of the tine ﬂnmdemsFmﬁuths Slgnals t0whbehsymemﬁanzedTamdpey@metggs

required syn I n er ch n er LS therefor ulated at
interval s E? éggé?%Egés thg ?d?lﬂpi ﬁ% 83?3HZ?§
possi bl e, théOnaﬁbe¢tsy0ndgmabé sxﬂpbe1Ve caﬂcuuatepn powas. nokath denand

excessive cahﬁgkg&tgelgew@rpaﬁéﬁetércmgpaseeeksghg 9§ﬁan§5§ m bee of any
Kind and may b represented by a_single or exanpl e.

characterlstF%PﬁﬁﬁﬁﬁE?Qrbeatﬁénﬁéﬁt@H@b%Fraﬁoéuﬁﬁémpé?gnapn?s the
bandwi dt h, feraexafpkestPeoyhdingtbheopatnaetenscnnl yrabni ghigiyals A

greatly 10 reduces,th uant it data necessary to obtain
synchronlzat?bﬂn?$0ﬁ§tﬁ5g ﬁ?&?@%égg i ﬂﬁle§$ypiﬁmever, the accuracy of the

resul ting synchr orézaticimg sthmq:ma&amﬂéz_ys lantlit et drtes tancled tAIdtaatilf h
1ooRrS by PReqhfed RUNGRLAPIES LONaaLaCnekOobhEy NERT BBE BLINAL S €. 19

is AlV2. If thrs uncer one RafTvé'i's to reduce the
period A; hoﬂEv@hrOﬂhﬁétlﬂbdffb@ath@nrﬁéeranGEyspgsslbSe sitmesvdrcal | s

into questleﬁetgscﬁééeyl@Eleﬂeozegﬁftgnar§9ﬁeﬁkéﬁi9a ygher£s) and

i ncreases the quanfity of dafa necessary-f synchroni zation. In the
particul ar eRBoEFARAE Ynl%ﬁFEﬁdfh%h%aF%ﬁ%¥E@éntér@lﬁhséeﬁﬁéﬁttEoe%ﬁluate

quality by coapalisgnth€onpaeaiBhers. El 88dt e lneaR¥s 8YBEGRANI Za4h 08, error
exceedi the r | ut 0 of the meter wl| revent estimation 25 of
t he detggioré i 0 §§?htr%gu5éﬂs(FﬂF§rF * ?YUéFIBHOAQF at, one

alternative is to reduce the period A; however, this

modification 1s rarely possible since it calls into

question the calculation of the characteristic number (s)

and increases the quantity of data necessary for

20 synchronization.

In the particular embodiment in which the parameters
are also used to evaluate guality by comparing the
parameters P, and P’:, any synchronization error exceeding
the resolution rg of the parameter will prevent estimation

25 of the detericration introduced (this is Situaticon A in
Figure 3).

To obtain an arbitrary synchronization accuracy,
with an uncertainty value r that may be less than A/2,
for example, without increasing the quantity of data

30 extracted from the reference signal, the characteristic
numbers may be calculated with a higher temporal
resolution. For this purpose, the parameters are
calculated at intervals r < A from the second signal to
be synchronized (the “degraded” signal), which

35 corresponds to A/r parameters P.* for a parameter P;. The
calculation complexity increases from T/A to T/r

calculation windows, but only for the received signal.



Figure 3). To obtain an arbitrary synchroni zation accuracy, wth an
uncertainty value r that nmay be less than A/2, for exanple, wthout
increasing the quantity of data 30 extracted fromthe reference signal, the
characteristic nunbers may be cal cul ated3wi th a hi gher tenporal

resolution. For this purpose, the paraneters are calculated at intervals r

< Afromthe Eecond signal _to be,siﬁnchron'ﬁed t he "degraded"” signal),
whi ch 35 corf ?pﬁﬁﬁ’s‘af'goﬂ/}a Bar Sh8PErs 3Pl lPGEratar Ahet BRThed wRE-

cal cul ati on Eompkexipyei ner éasesstibemuItAptie dfrA.cal cul ati on wi ndows, but

only for the receiI{M_gga@i'cgrﬁa:é 13 The situation B of Figure 3 illustrates

t he nmet hod used. , r is a sub-nmultiple of A Notation - T:
synchroni zati on searkh gedlotorizdtion negai@h eesriofd AT ;is a anulneip aim
perm tted sygghpeni zation error/ uncertainty; - e: synchronization error;
A: period of calculating the paranmeters fromthe 10 signal; - Pk:

par amet er cal cul atedtfr SIRAHRIF Dl L ede fSeymeHEe N Z5itgwal IR is a
tenporal indgxcepdheéatiyng to which calculation period A Pk corresponds); -
P k: parameter calculated fromthe second 15 ("degraded") signal SD (k is a
tenporal index indicati T RPHFER YAITUIET on period A Pk corresponds); -
P' ki : paraneter cal chil ghedhidd ont tdeel setoinithg (Yidegsacaat)ess ghedm Sthdk is a
tenporahoi nd% n'é@di cating to which calculation period A Pk 20
corresponds); ana™l i is a t enpor al subi ndex indicating a nunber of

periods r from 1l to ®:r pairEmetrerheageniled el Lot &heAlflizddr at i ons

correspond t@aprLPLREER ) NUTRRE] 0L, SAIPI £5; of e i 211 Q308 Mg, 8 ghal -
to which calculation period A Py corresponds);

- P'y: parameter calculated from the second

15 (“degraded”) signal Sp (k is a temporal index indicating
to which calculation period A Py corresponds);

- P’ﬁ: parameter calculated from the second
{(“degraded”) signal Sp (k is a temporal index
indicating to which calculation periocd A Py

20 corresponds); and

- 1 is a temporal subindex indicating a number of
periods r from 1 to A/r within the period p.

Note: All durations correspond to an integer number
of samples of the audio or video signal.

25 The second step processes the parameters to define
one or more coordinates. A set of B coordinates is
calculated for each set of parameters Py or P’ﬁ'obtained
over the window k of duration A corresponding to 1024
samples of the reference signal or the degraded signal,

30 respectively, for example.

e The prime aim of this step is to obtain pertinent
coordinate values for carrying out synchronization, with
given bounds and limits. Thus each coordinate is
obtained from a combination of available characteristic

35 numbers. Moreover, this step reduces the number of
dimensicns and therefore simplifies subsequent

operations.



25 The second step processes the paraneters to define one or nore
coordinates. A set of P coordinates is «calculated for each set of
paranmeters Pk or P k' obtained over the wi ndow k of duration A
corresponding to 1024 sanples of the retérence signal or the degraded
signal, 30 respectively, for exanple. The prinme aimof this stepis to
obtain pertinent coordinate values for carrying out synchronization, with
gi ven bounds and IiHiRe PARiCE®RG FHRHTRRe S0 GRUTHapFeDiest be
conbi nati on ebtavatbabge=characteri skhfpd8, nuAbers. cargeveristhis step
reduces the nunber, of dinensigns ang %Ee%gfore sigglifigs subsequent
operations. B3 tHebRES pPEFelPEY- efiBbhi RENFRCTWB2¥oBFdFR&He5Onust be

obt ai ned (J3det@)ymikeraexraopiénaté.twhlthanacieeilsti norparaneters are used,

each of Lhem.finYaBeesedLon ABLELMAG BeCOOLA: NBLE.ELERENALLVELY, More S
charactefistrc numbers nay be used; pfocessing’ mhy be -cafried otit to
provi de fewefahdhbdrgutfbp pxawpre fadercovmbenat eSorwakshnpaeetvhen

interpreted asoadphQLe6! i QRichr QPatRRACENMELPras-qBRY di fERSLOPS,AS there
are charact?rlstlc nunbers to a space with two coordinates,” 10 ?or
exanpl e. ThelfAPrd SPRPScBAERr a8t BBHeiPa 8EPBPy2EsEREFFgAFE 4). The

trajectory dehanestersbgnat vuebetsatsegnephcef withRetaydegosignategyer the
duratiog T b¥ nmeans oi a series of points in a space with as many
di mensi s as°fh&F@™BI&" 15 coordinates. The use of a space with two or nore

di mensi ons enabl esl'tee paritidct i teep te@)ECtwrys tithdet rajpnstonct exke atihyene ng
el bbiy, A0 PLaleaccy ks AlooXneliat soL oo, s AlLsgebbese i ee
traj ectori estiieragdioesigpat apeesr tiebguraneéyni B hyspasesobft aoserieere
di mensions: orTPeihtESintkakgstoryits 48fhAgY BYmPRALDEAsRKs there are
15 coocrdinates. The use of a space with two or more
dimensions enables a particular trajectory to be
constructed, achieving high reliability and high accuracy
of synchronization.
After these three steps, synchronizing the signals
20 amounts to synchronizing two trajectories (or curves
parametered by time) in a space of two or more
dimensions:
- The first trajectory is defined by points Ry
obtained from significant numbers Py calculated at
25 intervals A over the time period T. There are N = T/A
points Ry.
~ The second trajectory is defined by points Dy = Dy
obtained from significant numbers Py = P, calculated at
intervals A over the range T. There are N = N = T/A
30 points Dy.
If a period r < A is used to calculate the
parameters P’,', the trajectory is defined by the points
Dyl, of which there are N’ = T/r.
To this end, a criterion of resemblance between two
35 trajectories of N points (or of N and N’ points) 1s used.
The following methods are described by way of example:

The first method proposed minimizes a distance



obtained fromsignificant nunbers Pk calculated at 25 intervals A over the
time period T. There are N = T/A points RK. - The second trajectory is
defined by points Dk = Dkz obtained fromsignificant nunbers Pk = Pkl

calculated at intervals A over the range5T. There are N = N = T/A 30
points Dk. If a periodr < Ais used to cal cul ate the paraneters P' ki, the
trajectory |§ defined, by the Eglnts of which there are N T/r. To
this end, PFYEFR ARG LFRsE FﬁﬁEErbﬁFmeen two 35 trajectorles of N

poi nts (or of N arthdNbamimtisjed sisises. calkhel £10d Ia)vmrkgcamai@aﬁs@ﬁrae
desgrybed bypuey oh, SEATRLCLINectLrs! TRNed plgRosed Lplfles e ol stance

15 between t WO 'traj ecto basic
over a portE@ﬂhotr@heCtDdecs0$§leﬁhedppsoprfanetpontoﬁntbé meathum

trajectosy '§aﬁ8éeSEeQe§§néh£HH§EheﬂonthEhQaéhgy 5c6?ggg BBdln o5

desynchroni zati1 on of the  curves corresponding to e au |o or vid
signal s. Ovefhehd4dipoPti BhSSCasSedRalati ve total D'ff of the dlstances d

]Pet ween the peaki chelgru(heEa@lo bﬁ@&{s Dlﬁﬁ"dﬁlrﬁ@?atﬂ)ifvé E@)M v[@ﬁfl f ocall at ed
rom equati ons an e ecti y appl yi ng successive
ShiTts dol t adTstahoRRes PRCFPRR FRE BRRFE Bt AT Sngitnd btree € £
bet ween trajEhEOcuesesFugucalduﬂ&pedtﬁrbmeeqahtmbasl@m)fandome)exanple,

D bouBt s elbped-PYalun, 60P0L B! €801 DiRgBAGEL LD Ranl 2eE Barta o

di nensi ons. aranmeters are ca

intervals r EIpppder &0 Binf thanéblfhemlesmklihgntbe tdheténest DsEgnal . The

di stance D ff.gj¥es thgsdistancg between the two trajectories. The

arithmetic mean of the peak to peak 20 distances is preferred, but another
di stance cal cul at i%vFuTs SARRISERPHG Gt@ lanon for one example,

with points defined by two coordinates in a space with B
15 = 2 dimensions. For the “degraded” signal, the
parameters are calculated at intervals r = A/2, i.e. with
twice the resclution of the first signal.
The distance Diff gives the distance between the two
trajectories. The arithmetic mean of the peak to peak
20 distances 1s preferred, but another distance calculation

is equally applicable.

N

Diff(delty = op %Z [d(Dy Ry )]

k=1
where oD = 1..«, N = T/A and d{A,B) is the distance
between two points or peaks. This distance d(A,B) may
25 also have any value. 1In one particular embodiment, the

Euclidean distance is used:

d(A,B): ad 2(@5 _bj)ad

where ad = 1..«x, aj; and b; are the coordinates of the
points A and B and B designates the number of coordinates
30 of each point.
The shift delta giving the minimum distance Diff
corresponds to resynchronization of the curves and

consequently of the original signal. In this example



Diff(delt$ = aD 1 V Ld(Dk, Rk+delta)] N k=1 where aD = 1..cc, N = T/ A and
d(A, B) is the distance between two points or peaks. This distance d(A B)
may 25 al so have any value. In one particul ar enbodi nent, the Euclidean
di stance is used: where ad = 1..0c, aj ah@ bj are the coordinates of the
points A and B and 1 designates the nunber of coordinates 30 of each
point. The shift delta giving, the mninumdistance Diff corresponds to
resynchr oni z&FF8RTSf 41 hgh%u?gégtahﬁ 2cofiRéghent| wbFet Reotngthal signal .
In this exanpheahétéFi gareuddtibe sbiribdi A. 2, TMRI ehntBrémigeribe initial
parameter cal cul ati o? pEri od_A. The gﬁchr oni zation range will therefore
be from t+2%A0RSt ¥ M AGASERS® 5858 second criterion proposed is

maxi m zati on of a tcpgr:gl_aéi o7} b[ewvegn,.ﬁhe two trajectories. This crifierion
works in a simlar way to2the precedig one, except that it maximzes the

value Correl. Eq ' ) ) ..ar . he. | ow two 10
equat i oné: N Corre édce%l?tcaééa: %&éﬁfﬁe{%e%eaig% %éﬁqﬁl%ac#lc% tCﬂ% aoperat or
* denotes theostalafiprodetvecdethnetivastfafeowsrias) " ai bi A*B= k=l N 2
N (5) Lbj2 k=] k=lyl where gjonndhhd ane 4 hesaerdial 6% afnd he points A
and B. The follow ng nmethods are Eal’tl cularly suitabl'e for
preceding one, except that it maximizes the value Correl.
Equations (1} and (2) are replaced by the following two

10 equations:

N
Correl(delta) = > D, *Ry, g, (4)

k=1
in which the operator * denotes the scalar product

defined as follows:

N
Zaj*b.i
A*B=——k

- N 2 I 2
Zaj ' ij
k=1 k=1

15 where aj and by are the coordinates of the points A and B.

The following methods are particularly suitable for
f = 2 coordinates.
Other techniques make the method more robust in the
presence of significant differences between the signals
20 to be synchronized, for example caused by deterioration
during broadcasting, namely:

e distance between successive angles of the

trajectories

This method consists in transforming the two-

25 dimensional trajectory into a series of angles between
successive segments defined by the points of the
trajectory. Figure 5 shows the definition of the angles
Ap.

The criterion used for synchronizing the two

30 trajectories is minimization of the following equation:



3 = 2 coordinates. O her techni ques nake the nethod nore robust in the
presence of significant differences between the signals 20 to be
synchroni zed, for exanple caused by deterioration during broadcasting,
nanely: distance between successive anglés of the trajectories This
met hod consists in transforning the two 25 dinensional trajectory into a

series of angles between cq@ sive segnments defined by the points of the
trajectory. Flguregf i i ni |on f the angles Acp. The criterion
used for synchroni ﬁ fﬂﬁa k1 aj |es is mnimzation of t¢e

foll owing equation: 17 N1 Dfﬁﬂdelta) E kk -- (Pk+delta (6) k=1
intercepted area Retugen ddhig div i YR well SHEthed SARISES In

transformng the two-drmensromar trajectory 1mo a serites of areas
intercepted 5 by subicedtihedffeitst el et Qe pbitits ot he

trajectory. &ug@ﬁglsnamow@ageetseiﬂmhtboa 9ériBe oknheesepigdedrepsed The
criteriop used for %nchron|2|n trajectorles S gln m zati on of

Che. fol | Bul ey efiRaEEons Ve P 3oRB st onar LB AV SERe TPoaarPag? Chesk K rdel ¢ )
(7 k=1 Fi hakfgctohe. si Fugtanebushuse bheadpfunatnby of theiteria is
possi bl e. e a.of the resynchronization between the two
signal s has %ﬁ%%Pg @é& agg%é 7 one of the above nethods, the two signals
15 may be resynchrTBTﬁ mwlﬁpllwmb fitie shidhratel2imd Elendvwof t he
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a ic

10 Syou =sum S Diff(delta) = Z\Sk

(7)

* Finally, the simultaneous use of a plurality of
criteria is possible. Once the value delta of the
resynchronization between the two signals has been
determined by one of the above methods, the two signals

15 may be resynchronized by applying the shift delta to one
of the signals. Synchronization is obtained to an
accuracy determined by the rate at which the
characteristic numbers are calculated.

Figure 7 is a flowchart of a synchronization method.

20 If the required accuracy is not achieved, i.e. if
the synchronization is too “coarse” for the target
application, there may be a final step to refine the
preceding result.

A prior art procedure may be applied to the

25 synchronization uncertainty range A or r, which is now
sufficiently small for the complexity to be acceptable.
For example, an approach based on correlation in the time
domain may be used, preferably an approach that uses
marker signals.

30 However, this step should be used only in certain
specific instances because, in the quality measurement
type of target application, refining the synchronization
is generally not necessary since sufficient accuracy is

achieved. Moreover, as explained above, the prior art



characteristic nunbers are calculated. Figure 7 is a flowhart of a
synchroni zati on method. 20 If the required accuracy is not achieved, i.e.
if the synchronization is too "coarse" for the target application, there
may be a final step to refine the precetng result. A prior art procedure
may be applied to the 25 synchronization uncertainty range A or r, which is
now sufficientl%,snall for the conPIeX|t to be acceptable. For exanple,
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measur enent peiNinp@ndofughétyetSoLRt (FRE 8dre BYrsOMPar oG Lt paraneters PR

and PM gheyre erengé” methods). The reference numbers Py are sent

over a data channel to the guality measurement point,

characteristic numbers Py are calculated from the degraded

signal at the measurement point, and quality is estimated
by comparing the parameters Pz and Py. They must be

20 synchronized for this, on the basis of the characteristic
parameter (s) used for the reference.

Quality is therefore estimated by comparing the
parameters Pr and Py, which must be synchronized for this
to be possible.

25 The principle of objective perceived measurements is
based on converting a physical representation (sound
pressure level, level, time and frequency) into a
psychoacoustic representation (sound force, masking
level, critical times and bands or barks) of two signals:

30 (the reference signal and the signal to be evaluated), in
order to compare them. This conversion is effected by
modeling the human auditory apparatus (generally by
spectral analysis in the Barks domain followed by
spreading phenomena).

35 The following embodiment of the method of the
invention uses a perceived characteristic parameter known

as the “perceived count error”. The novelty of this



20 synchroni zed for this, on the basis of the characteristic paraneter(s)
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converting a physical representation (sound pressure level, level, tinme
and frequency) into a zghoacoustlc representation (sound force, masking

| evel , critiﬁ&FaP?ﬁ§§ dRdtBahdd toPSEaPFhEF BWBeasYREMENE0 Lt hBer ef er ence
si gnal and thalﬁbgmakytofba evabuat ed) thenavaidesigaaconpar gotthem This

del dit t |
by spectral SARAPYSPEoPR FRECRAIKY GORGPACToI oliga bt epraading o

phenonena). 8&nFhdefell twi hg enbddirment Cohveheehwt hOdeaffethe nbagenti on
uses a p%rceb¥§ge§BBE?9t@6'éthﬁgﬂéﬁagﬁgﬁrc508%§ta§§ Eﬂgagﬁg ﬁ%‘vgd count

error". The novelt ameter Ist it
neasur enent Bﬁnﬂﬁeun&ﬁpfﬁﬂﬁlt§léF 8PREREBW i n Thésatidbe sfgpakamatssund

si gnal V\hosemayeauéﬂéro@@naen@aba @bec%@QE@ekiz@oﬂﬁbdébﬁ@ehg B¢ wRkform
Conversel vy, orre esponds to a sjgnal that covers all the
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psychoacoustics. Tire steps applied to tihe reference sigml and to tie
degraded si gaalirLachakeqgeount rakePaye EﬁEngtbggcﬂhﬁcéﬁ tﬂeglgﬁ@bﬁock

W ndowi ng of the tenporal signal S an eac
cal cul ati ng £Réle¥&ftation induced by the signal using a hearing nodel .

This represent ati an witfddigrfidmalie takaso@0C Wignof Rs¥Ehnacousid ¢
Phenomena  apg. SUPRLLega 2 50! AL 1028 SRYMER LSRRI AL induced
by the signal using a hearing model. This representation
of the signals takes account of psychoacoustic phenomena
and supplies a histogram whose counts are basilar
component values. Thus only the audible components of
20 the signal need to be taken into account, i.e. only the
useful information. Standard models may be used to
obtain this excitation: attenuation of the external and
middle ear, integration in physical bands and frequency
masking. The time windows chosen are of approximately 42
25 ms duration (2048 points at 48 kHz), with a 50% overlap.
This achieves a temporal resolution of the order of
21 ms.
Modeling entails a plurality of steps. In the first
step, the attenuation filter of the external and middle
30 ear is applied to the spectral power density obtained
from the spectrum of the signal. This filter also takes
account of an absolute hearing threshold. The concept of
critical bands is modeled by conversion from a frequency
scale to a basilar scale. The next step calculates
35 individual excitations to take account of masking
phenomena, using the spreading function in the basilar

scale and non-linear addition. The final step uses a
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t he signal and thtj@qrea\ﬁinjaesraxlﬂ)@ resf iertenciee paranet isrir{ortihariacitey i sti c
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i5 the following indices:
24

IS, =36 i.e.z=—%36=7.927 Barks (8)
109
. 24

IS, =731e.z= @ *73 =16.073 Barks (9)

The second strategy takes account of the BEERENDS
scaling areas. This corresponds to compensation of the
20 gain between the excitation of the reference signal and
that of the signal under test by considering three areas
in which the ear would perform this same operation. Thus
the limits set are as follows:

ISf=9L&z=>%£*9=19828mk5 (10)
109
. 24
25 IS, =100 1.e.z=@*100:22.018Barks (11)

The trajectory is then represented in a triangle
known as the frequency triangle. For each block three
counts C;, C; and C3 are obtained, and thus two Cartesian

coordinates, conforming to the following equations:

30 X= C/N+C/N

(12)
Y =C, /N *sin(n/3) (13)

where C; is the sum of the excitations for the high

frequencies (components above S;),



=361 927 B8 isk, . ( .e. zar ) s 109 z =24 * 73 =16 =73 i 073 B9
ISke. . (. ar ) 2s 109 The second strategy takes account of the
BEERENDS scaling areas. This corresponds to conpensation of the 20 gain
between the excitation of the reference 8ignal and that of the signal
under test by considering three areas in which the ear would performthis

sanme operation. Thus  the limts set are as follows: is, =9 i.e. z =24 *
9 = 1.982 Barks (JQB isq (e count associated with the medium

frequencies (components from 8; to $S:), and

N = C; + C; + C3 1s the total sum of the values of
the components.

5 A point (X, Y) is therefore obtained for each
temporal window of the signal. Each of the coordinates X
and Y constitutes a characteristic number.

Alternatively, Ci, C; and C3 may be taken as
characteristic numbers.

10 For a complete sequence, the associated
representation is therefore a trajectory parametered by
time, as shown in Figure 8.

Cf the various methods available for synchronizing
the trajectories, the technique chosen by way of example

15 is that based on minimizing the distance between points
on the trajectories.

It is important to note that the calculation of the
parameter for the synchronization used in this case
remains complex, but that this parameter may also be used

20 to estimate the quality of the signal. It must therefore
be calculated anyway, and this is therefore not an
additional calculation load at the time of the
comparison, especially as the calculation relating to
this parameter 1s effected locally only for the received

25 digital stream.

Figure 9 summarizes the method used to synchronize
the signals in the context of monitoring the quality of
broadcast signals using the above characteristic
parameter.

30 The following example illustrates the case of a
reference file {(R1) which is MPEG2 coded and decoded at
128 kbit/s, yielding a degraded file (R2). The
resynchronization introduced is 6000 samples. The shift
found is six windows, i.e. 6*1024 = 6144 samples. The

35 error (144) is much less than the period (1024) of the
characteristic parameter. Figures 10a and 10b show the

trajectories before and after synchronization.
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In Figure 10a, the original range is of the order of

120 ms, i.e. 5760 samples at 48 kHz. Using only the

15 characteristic numbers available for the evaluation of
guality (every 1024 samples, i.e. every A), a first
synchronization is carried out with an uncertainty of
1024 samples, which is better by a factor of 5 compared
to 5760, for a calculation power dedicated to very

20 limited synchronization.

However, in a second step, for example, more
frequent calculation of the quality parameters for the
second (degraded) signal (r < A) enables the
synchronization error to be further reduced to r samples,

25 if required.

Another characteristic parameter uses autoregressive
modeling of the signal.

The general principle of linear prediction is to
model a signal as a combination of its past values. The

30 basic idea 1s to calculate the N coefficients of a
prediction filter by autoregressive (all pole) modeling.
It is possible to obtain a predicted signal from the real
signal using this adaptive filter. The prediction or
residual errors are calculated from the difference

35 between these two signals. The presence and the quantity
of noise in a signal may be determined by analyzing these

residues.



Figure 9 sunmarizes the nethod used to synchronize the signals in the
context of nonitoring the quality of broadcast signals using the above
characteristic paraneter. 30 The followi ng exanple illustrates the case of
a reference file (Rl) which is MPE&R cozied and decoded at 128 kbit/s,
yielding a degraded file (R2). The resynchronization introduced is 6000
sanples. The shift found is six wndows, i.e. 6*1024 = 6144 sanples. The
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measur ement paraneter. For nore demanding quality paranete

necessary re‘g}é?dﬂﬁéﬁn‘#l@ PE Blfletﬁ%sb@l‘d%? oFer 32 E%\Iﬁ‘ial‘é?‘snd@‘ﬁ (ngglt‘éeIIOa t he
original rangezés of the order of 120 ns, i.e. 5760 sanples at 48 kHz.
Using only the 15 characterjstic n rrbers avail abl e for the eval uation of
qual i ty%every 1024 tkl%fl fg dry o)t \{lea S IS fTSh i R i on i s
carried out wedﬂlamuncéﬂ’aentarefdeé@ﬂﬁbeaméﬁélna\ht@h bg beyter by a
factor of 5 %ng?ﬁigd to 5760, for a cal cul ati on power dedicated to very 20
i mted synchroni zati on. However, in a second step, for exanple, nore
frequent cal cul at i-orfhef LEVE NG HQURBIAT antetcerigHor whiech siec gl (rddgrchded)

f'§2§L|ég < fYredghhsel Nen SYREDEOREZALAQRCPILAL 49 DeghyithesnEgduced to
15 et pratique” [“Digital signal processing - Theory and
practice”] by M. BELLANGER, MASSON, 1987, pp. 393 to 395.
To use this algorithm, an estimate is required of the
autocorrelation of the signal over a set of Ng samples.
This autocorrelation is used to sclve the Yule-Walker
20 system of eguations and thus to obtain the coefficients
of the prediction filter. Only the first N values of the
autocorrelation function may be used, where N designates
the order of the algorithm, i.e. the number of
coefficients of the filter. The maximum prediction error
25 is retained over a window comprising 1024 samples.

- The gradient algorithm, which is also described in
the above-mentioned book by M. BELLANGER, for example,
starting at page 371. The main drawback of the preceding
parameter is the necessity, in the case of a DSP

30 implementation, to store the Ny samples in order to
estimate the autocorrelation, together with the
coefficients of the filter, and then to calculate the
residues. The second parameter avoids this by using
another algorithm to calculate the coefficients of the

35 filter, namely the gradient algorithm, which uses the
error that has occurred to update the coefficients. The

coefficients of the filter are modified in the direction



25 if required. Another characteristic paraneter uses autoregressive
nodel i ng of the signal. The general principle of linear predictionis to
nodel a signal as a conbination of its past values. The 30 basic idea is
to calculate the N coefficients of a pregliction filter by autoregressive
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t he nunber Oﬁrinciple:

15 The main advantage of the two parameters is the bit
rate necessary for transferring the reference. This
reduces the reference to one real number for 1024 signal
samples.

However, no account is taken of any psychoacoustic

20 model.

Another characteristic parameter uses autoregressive
modeling of the basilar excitation.

In contrast to the standard linear prediction
method, this method takes account of psychoacoustic

25 phenomena in order to obtain an evaluation of perceived
guality. For this purpose, calculating the parameter
entails modeling diverse hearing principles. Linear
prediction models the signal as a combination of its past
values. Analysis of the residues {(or prediction errors)

30 determines the presence of noise in a signal and
estimates the noise. The major drawback of these
techniques is that they take no account of psychoacoustic
principles. Thus it is not possible to estimate the
quantity of noise actually perceived.

35 The method uses the same general principle as
standard linear prediction and additionally integrates

psychoacoustic phenomena in order to adapt to the non-
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autoregreSS|NEEdh©§e©ﬂn90©ffLﬂeeh§§+IaTh@xﬁlhailpﬁrt compares the

prediction coefficients calculated for the reference

15 signal and those obtained from the degraded signal. The
various steps of this method are therefore as follows:

- Time windowing of the signal followed by
calculation of an internal representation of the signal
by modeling psychoacoustic phenomena. This step

20 corresponds to the calculation of the compressed
loudness, which is in fact the excitation in the inner
ear induced by the signal. This representation of the
signal takes account of psychcacoustic phenomena and is
obtained from the spectrum of the signal, using the

25 standard form of modeling: attenuaticn of the external
and middle ear, integration in critical bands, and
frequency masking; this step of the calculation is
identical to the parameter described above;

- Autcregressive modeling of the compressed loudness

30 in order to obtain the coefficients of an RIF prediction
filter, exactly as in standard linear prediction; the
method used is that of autocorrelation by solving the
Yule-Walker equations; the first step for obtaining the
prediction coefficients is therefore calculating the

35 autocorrelation of the signal.

It is possible to calculate the perceived

autocorrelation of the signal using an inverse Fourier



In contrast to the standard |inear prediction nmethod, this nmethod takes
account of psychoacoustic 25 phenonena in order to obtain an eval uation of
perceived quality. For this purpose, calculating the paraneter entails
nmodel i ng di verse hearing principles. Lingar prediction nodels the signal
as a conbination of its past values. Analysis of the residues (or
prediction errors 30 deternines_theEﬁéesence of noise in a signal and

estimates t hE'ABPERTMTRY GafidtAGF ABakke of CTRESESCHetANTDERE #8 ®hat they
t ake no accofihltefepsysboacauspbrgerprinciples. Thus it is not possible to

estimate the quantit f. npi se actual |y .perceived.. 35 The nethod uses the
sane general pri nﬁnp énegtshocgtoatﬁ éjflfﬁr}%etg{r)e pﬁ@cﬁ g{jallo]%era o St tcitgnal |y
i ntegrates eSyshbatdustilctphenofenatannbdndertheocadapicienthecfioa 25 |inear

sensi tivbty ofehfiec DUARA; eaLc ! BsLer Be OfebIRQUADGY LRI LY apfini ntensity
(1 oudness). The spectrum.of the signal 1s nodifie y nmeans of a hearing
nodel before cal cdifatisng e Ia9HSH L Py el ioh B oo dilfatei et igyute

aut or egressi ¥ge (2bfepehed BEEbENGge FBEschOEEhi EhENESMPRL EBRIpbInthi s way
provi de a si t nal  takin ount o

| e way %o nodel e Siﬁ ac [ f
psychoacoust?ﬁ%.t¥? STRrPReLRer EOF cEiBnt£b2 f?gigﬁ ACLHAF QretBBnt and
used as a reégradee EdDgnsbnpaci sha wahd sheadeguadedfsignak. iA0tThe first
part of.the L o] is.p e sychoacoustic principles
usi ng t%é st§%%§§%g£%§£?i%ﬁég%§%lggagﬁ% %%E%%%gégrgl%ﬁ?gUIates | i near
prediction coeffici difttsimalrthend ithed dedvetr icordaras hheca lpnelditoitriaora
coefficients t t r e signa S btained from
t he degradeddgggﬁg%e ?%E&Q%%r?gﬁs€%§%§§§o?}§ﬂiEﬂﬁe%ﬁgggﬁéggtﬁ%§e¥g?§ as
fol lows: - Tihe dpaBedrAgSesnehe sThhal crBPRBARICRYLLEalientaVeehods an

internal repsesgnhadi 88rofhéheesigBate BYdnPdel tRY PSYLBRAAEOHET hGdio
phenone a. Thisns ep %0 orre Rongs to.thg cglcugati nboftgggsggnggggsed
Coudnests whPtHIRE: | HIPRGE™E hb ExUrEaT B FHOT hE= g Y :

to be estimated, using an appropriate number of

coefficients. The higher this number, the more accurate

the calculations, but the greater the bit rate necessary

for transmitting the reference. A plurality of distances

20 may be used to compare the coefficient vectors. The

relative size of the coefficients may be taken into

account, for example.

The principle of the method may be as summarized in
the Figure 11 diagram.

25 Modeling psychoacoustic phenomena yields 24 basilar
components. The order N of the prediction filter is 32.
From these components, 32 autocorrelation coefficients
are estimated, yielding 32 prediction coefficients, of
which only 5 to 10 are retained as a guality indicator
30 vector, for example the first 5 to 10 coefficients.

The main advantage of this parameter is that it
takes account of psychoacoustic phenomena. To this end,
it has been necessary to increase the bit rate needed to
transfer the reference consisting of 5 or 10 values for

35 1024 signal samples (21 ms for an audic signal sampled at
48 kHz), that is to say a bit rate of 7.5 to 15 kbit/s.

The characteristic parameter P may generally be any



ear induced by the signal. This representation of the signal takes account
of psychoacousti c phenonena and is obtained fromthe spectrum of the
signal, using the 25 standard form of nodeling: attenuation of the external
and mddle ear, integration in critical bands, and frequency masking; this
step of the calculation is identical to the parameter described above; -
Aut or egressi ve nodel ing of the conpressed | oudness 30 in order to obtain
the coeffici BREBLIBRAGNORF Eippddf EPPoRNef FPREENt eRBCcENY @39iRast andard
linear predi signalstheornekhaglesedni snéhatsef oaul0gesr eighkhos: by sol ving
the Yul e-\Val ker eqq:tigpsg the firs 1ﬁﬁgp for obtaﬁ$g$ t he rediction

coefficients is thereford ol RSt W HutYe st 1355 I i gnal .
It is possibée govenlloul bhe thetpeucesvedefAutoentsefadj onh of the signal

usi ng anci nv rLeL. Si png_.th o] sed
Ioudnesssas §£§§f$?%r%ﬁgéggc%%gﬁg£§%£}8¥nggn%%§%%’o?gsg?ﬁiﬁgﬁgﬁe

Yul e- Val ker §ya8fehesn bPegbberbas gh@e@hu@n@foabhagﬁnag,the bbetkscoents of
a 5 predictyogpfilterauses the Levinson-Durbin algorithm It is the
prediction coefficients that constitute the reference vector to be sent to
the conparison pointt!® AR 3s I eIt K fAThar<GalttfL®dfons on

the degradegbsagned Byeappeysageaasone® Bsedefprrbheckamnpial d8a/or

|
cal cul atjons applied.to the refergence signal. - Esti ing. th
deteri o?gti on by ca?ccklﬁ a9 V:'gcy to%écg%oeltr% ﬁ%é{%ﬂegjr' J‘;‘eqli)m t he
reference anexémphe, t he degradetisaghas. agblsceoipar ST cwef 8bclenBoyectors
obt ai ned for e ce,,and ] Lt i 0. i gnal ,
enabl i ng thea%%t%é?%?ggﬁogycgugégﬁﬁggf?%%g§§2%§oﬁgo?ggbglég??n%?gd, usi ng
an appropri abetheaperlofdigeeetecrenine Thentfgher Foansiaunbeansfhennpore

accurate thgagal evhabrons, DH8ahbBqOEBRLSECFRE Bilnfalgangessgary for
transmtting the reference. A plurality of distances 20 nay be uUsed to

conpar el Phe B3EF+EEi BRRNFERIBr s€TFher

- the average of the image,

and in the case of audio signals:

- the power, and/or

- the spectral power density as defined in French

20 Patent Application FR 2 769 777 filed 13 October 1997,
and/or one of the parameters described above.

It will be noted that the parameter P may be
degraded by transmission, but in practice it is found
that synchronization may be obtained by the method of the

25 invention at the levels of deterioration generally
encountered in transmission networks.

As a general rule, once synchronization has been
acquired, the method may be used to verify that it has
been retained, in order to be able to remedy disturbances

30 such as bit stream interruptions, changes of bit stream,
changes of decoder, etc., as and when required, by
desynchronizing the two digital signals E and S.

The method described is applicable whenever it is

necessary to synchronize two digital streams. The method
35 yields a first synchronization range that is sﬁfficiently
narrow to allow the use of standard real time fine

synchronization methods.



relative size of the coefficients may be taken into account, for exanple.
The principle of the nethod may be as summarized in the Figure 11 di agram
25 Model i ng psychoacousti ¢ phenonena yi el ds 24 basilar conponents. The
order N of the prediction filter is 32. 2%romthese conponents, 32
autocorrel ation coefficients are estimated, yielding 32 prediction
coefficients, of which gnly 5 to 10 are retained as a quality indicator 30

vector, for exanpl®B'q ML aE N ageAuehy i RiRIES o SmitPERIvant age of
this paranetparasetbat tharhakesiscLoust ehepsygheasodstbe phenonmena. To

this end, it Qaﬁ been geﬁgsgar% to increaﬁedtge btt ratg Qeeded to
transfer the YBfef@Hta®Eohsrst thy HFPESBF 169VEY uds 1675551824 si gnal
sanpl es (21 eBaftactaniatticonsiigaat, sanpteddads 4Blkei)théhatghslso say a
DIt ratesof n5atQrdPokbbl! Smpodlifiefila 2LCLLAL oL aRLE P My general |y

be any 27 magnitude obtained fromthe content o drgrtal  signals, for
exanpl e, in Pheradskyopfvpaeansighal achicevpe Berghtadsabde the i nage or of

an area thergphchasngkieloRythhs €R8t hpUSUSaeRetbbEhentissF(OyOre8icthe 5
di screte cosjne transformof _the inm ot her “transform by bl ocks,

_ % e [ ge, or an%
linear and offRoyDRENCIBY BFBLRYCHr SYRPBRArL2ahdPBrat #helespbr48¥edf the
i mge or of af acearhberend, wioht aeaedcbypappliyiynghanSehkestingter, for

exanpl e; ,an - e_agtivi SA of the i e as.defjned, for exanple,
T the honr aSheod® . PRl PR L ErSertiTaalTo e ERL Rt oy kot
t ransf or mat i vangy Bidcks dinahiocandllovihggenabedestrese cbHsshentaadst or m

Fouri er trans%gﬁgy s¥%§§?$§§?§{96ﬂlmg?ﬂé rgﬁéﬁ?ﬁgégrg%%§£?ﬁ§t%gansforn1 15

wavel et transform e e average o : e case of
audi o si gnal 529uthedpower, and/or the spectral power density as defined in

French One particular application of measuring equipment

15 for implementing the method of the invention is
monitoring the quality of signals delivered by
audiovisual digital signal broadcasting networks.

The invention also provides sound and picture

synchronization for a data stream incorporating audioc and

20 video data. To this end, wvideo synchronization is
effected by calculating a video synchronization shift and
audio'synchronization is effected by calculating an audio
synchronization shift. Moreover, it is possible to
determine if an offset between the sound and the picture

25 has occurred during transmission by comparing the values

of the two shifts, for example.



20 Patent Application FR 2 769 777 filed 13 Cctober 1997, and/or one of
the paraneters descri bed above. It will be noted that the paraneter P may
be degraded by transm ssion, but in practice it is found that
synchroni zati on may be obtained by the nBPhod of the 25 invention at the

| evel s of deterioration generally encountered in transm ssion networks. As
a general ruLng nce synchroni zati on has been acquired, the nethod may be
used to verify that it has been retained, in order to be able to renedy

di st ur bances 130 Asuelhas! bitt syticbampniategr opbi digitehadges efrbamsstream

changes of degoder,LlGme 23n2RMWNER LagULLed, by, . desynchroni zing the two
digital signéls ELgﬁd S?EThennethéd @gscribeg Fs é plicabl e whenever it is

necessary to synchfbni @e"e#pt ehgi 2al 957eeaksle el refthodads §f dils a first
synchroniszat ito® ranrge atthattias ssubbinei entdyg nardowde-aldw the use of

st andard reaLJthethnetsynchr%nization rne*thodsJC ﬁ8 The et hod

advant ageously' “éxpl-oi'tS “orre "o b e S *PaFanel'8r 8 charaEt 8P FsPREABF L ERe
signal s to behagynckromitzed ctthahearecoepeesent ed by at | east two

characteristic nunf rs%eﬁg§£@ ggﬁr 'squtxﬁh§'£gwg5&?€g'ﬂl%%Q{%Jeffed

enbodi ment, the conbi ned use o plurality of parameters ‘ac i'evés nore
reliable syrhehréficZatifofhehamct BErgamsr Sarand ethiegyesenivbneoser, the

i nventiam achicaves csgnelr eai:zathanadt 2 :6hesepakarek e raf 18CgUERE aRE Wi th
| ess conplexity than existi nethog%.QThls faorm of synchroni zation

, 5 .ng_1Q
del imts an &P 0F° Fande GRS Girat PR BPEBNERD: StbbECHRMC RS of
standard "fithe" ssyrehr Gniaat idre netihads D4 dugharpactiu@ayy ithe requi red.
One parti cul ar. .appl icat] of, . rin qui; . or _iymplepenting the
nmet hod of th% f%&ghﬁgqﬁeﬁgg ﬁ%gﬁgggﬁnégt%egéﬁgfp%§lé? éiéﬁgrgeggﬁﬁbgred by
audi ovi sual dirgijtealt csilgval- cloreagoastiing nét WoekdatThetiraewat Ponatad se

provi des ssound aRd RICHHS: zed;

¢} shifting the time periods of duration T assigned
to the digital data streams 38; and S relative to each
other by calculating a criterion of superposition of said
trajectories having an cptimum value representing the

20 required synchronization;

cd)  choosing the shift between the time periods

corresponding to said optimum value as a value

representative of the synchronization.

25 2. A method according Lo claim 1, characterized in that
one of the digital data streams is a reference stream S,
fhe other data stream is a stream 5, received via a
transmission system, the numbers characteristic of the
reference stream S; are transmitted therewith, and the

30 numbers characteristic of the received stream $; are
valculated in the receiver.
3. A method according to either claim 1 or claim 2,

vharacterized in that the step c¢) entails:

S
[

el) calculating a distance D between a first
trajectory represented by the points D: belonging to a

first time period of duration T and a second trajectory



synchroni zation for a data streamincorporating audio and 20 video data.
To this end, video synchronization is effected by cal culating a video
synchroni zation shift and audio synchronization is effected by cal cul ating
an audi o synchronization shift. Mreove?Q it is possible to deternmine if
an of f set betmeen the sound and the picture 25 has occurred during
transnission

| f .t t hi ft
LA vE o5 e iRtk PR BOHERs B R g s i i e

sane contentpechamacfeduzadlby Ta) sgkdeddstagecat Dgtveatibteingl safar each

of the sgé%%6§% ?eas §££g§g§n§l ﬁgd S2 at least two characteristic

nunber s expre oné par anet e characteristic of their content;
b) generating fromXaidhidinier el rtis Iy sl PEorfdrt igwe lpeofiade afivo

streams Sl a@@ra?'@léﬁp’fez?é’i‘étﬂ&leaﬁo1Qaéﬁa§@hQPeuH£1§aédm§H%&Gt%iﬁé' c
paraneters in a sgace of | east two di nensions, the points D1

cor r espondi n§St ° %h%egtﬁ%én¥%? %hﬂt?%%epglE@%tDQOE%F%Egb%ﬁd?ﬁtho t he
stream S2 beppgisihuatedeln a tinme period T and defining trajectories
representative of the data streanms S1 and S2 15 to be synchronized; c)
shifting the tinme periods of duration T assigned to the digital data

streans S1 atd SZ2nethadli ¥ectodeaghtootheimby, cahenbatenfzadcint €hadn of

super poght i oftof 15al dycb 3l PSUORT £5, PAYLDG. A0 0Rt b PUM ALY, LERLESEN! | NG

the 20 required sSynchroni zation 00sIn e sh ween he time
peri ods corbespesdi apgrroseandiopt PalntvaPue es 04 dludwor epresent ative of
the synchroniza{l@psr28s2. method according to claim1l, characterized in
that one of the digital data streanms is a reference stream Slr ot her data
streamis a stream S2 received via a transm ssion system the nunbers

characterists¢c afmébgodr etebeaceyoneecshinan Schargct £ansaut tgdehher ewith,
and the15 said distance d between the points is a Euclidean

distance.

6. A method according to either claim 1 or claim 2,
characterized in that the step c¢) entails:

20 cl) calculating a correlaticn function between
corresponding points Dy, D; of the two trajectories, said
correlation function constituting said superposition
criterion; and

¢c2) shifting said first and second time periods of

25 duration T relative to each other until a minimum value

of the correlation function is obtained that constitutes

said optimum value.

7. A method according to either claim 1 or claim 2,
30 characterized in that the step c) entails:
cl) converting each trajectory into a series of
angles between successive segments defined by points on
the trajectory; and
cZ2) shifting said first and seccond time periods of
35 duration T relative to each other until a minimum value
is obtained for the differences between the values of

angles obtained for homologous segments of the two



30 nunbers characteristic of the received stream S2 are calculated in the
receiver. nethod according to either claim1 or claim2, characterized in
that the step c) entails: calculating a distance D between a first
trajectory represented by the points D1 Belonging to a first tinme period
of duration T and a second trajectory 30 represented by the points D2

bel onging to a second time period of duration T, said distance D

constit uti ngt&ai BCtehperposP iAol BitEr VBhuCaRENER) tERiNei A3idaid first and
second tine pptinds ¢klub.duration T relative to each other until a m ni num
value is obtained for the distance D that constitutes said optinmm val ue.
4. A nethod according to claim3, characterized in that 10 the distance D
is an arithnetiB meahodf atherdistjahcesidhbet weenmcor cespoadinng, poi nts D1,

D2 of the t L QL e h o claim4,
characteslze ?%5?% %&Q%E g%ighafggg%cggﬁsbéf gngg%%g points is a Euclidean
di stance. 6. A nethlod ety theitrertod endr oFs clrtion2,series of

CharaCter'ZeQréQstbﬁEekegpﬁéﬁpb9)sﬁEE@bg§ve29e§%énE§|8@k§£bagb correlation

functi on between correspondi ng points , e two trajectories, said
correl ation Pﬂhﬁ??oﬂncéﬁéglFEPEﬁ@tgéﬂﬁssUEB?pB@Fﬁlohnt@FFﬁéF?@naraﬁd c2)

shifting Saldoﬁstﬁtu@ﬂﬂgSQQQﬁdshng pel t 088 @21t85leﬁrahh@n Trelative to
each otﬂg until - valqs}jl ? t he cor lgﬁéég functlon i s. obt ai ned
that constitutes § Jel e PeriRds TR T oretathisre claim
1 or claim2to éﬁchhatheteunzém anmihatuihhea3tepie) obnhanks: o€lpaganverting

o oo BO¥AL M B REELES, BLea2noh EonPRINTR IS UG TE8SLYR EEOLERL S
said optimum value.

15 9. A method according to any preceding claim,
characterized in that one of said given intervals 1is
equal to A for one of the data streams S; and equal to
r < A for the other data stream S,.

20 10. A method according to any preceding claim,
characterized in that it effects a first synchronization
by choosing the same given interval A for the two data
streams and then a second synchronization for which the
given interval is equal to A for one of the data streams

25 5, and equal to r < A for the other data stream Ss.

11. A method according to any preceding claim,
characterized in that the generation of said
characteristic numbers for a reference audioc data stream
30 and for a transmitted audio data stream comprises the
following steps:
a) calculating for each time window the spectral
power density of the audio stream and applying to it a
filter representative of the attenuation of the inner and
35 middle ear to obtain a filtered spectral density;
b) calculating individual excitations from the

fiitered spectral density using the frequency spreading



c2) shifting said first and second tinme periods of 35 duration T relative
to each other until a mninumvalue is obtained for the differences

bet ween the val ues of angl es obtained for honol ogous segnents of the two
31 trajectories, said mninmvalue consBR2tuting said optinumvalue. 8. A
met hod according to either claiml or claim2, 5 characterized in that the

step ¢) entails: cl Convgrt#ng,ghe two_trajectories into a series of
areas inter c&PPEEIRY ScEBEsPFEidagnEnfddefi ned by points on said
trajectories, the tptadténmtionept gtk at@aoreonsdt i toildmngs saf ol upergosi tion

criterion; ar : shif.ti : iLne periods,of duration T relative to
each ot her u%ﬂpﬁgéaﬁ%%i%gﬁébggﬁéggshggggiﬁegugft%gpdmoaSPéPgiﬁ&grESBfed
area, whi ch kiippaumtveluencynsensiuteyityapd dpei mam vabuebtasn9. A net hod

accordi ng tobggylg&egggkggegkggnbndcharacterized in that one of said given
intervals is equal to for one of the data streans S1 and equal to r < A

for the other datadktTeReHIPIDY e hesklMoccutroreihy tptany prasees ng

claim charapteei aedsi futhallolvbrethaat §ha hufbbrsyrchugAbZabhBNesbYn
choosing the_s interval A_for e.two gﬁ%gﬁ streans and then a

ﬁne giveg ﬁh
second synchfohi?§t I'6RPEr RRFCRTEREL2FiYen Rt Fs28§Gar €8°A for one
of the data stilealst28gSIcandaetuallate r suAbter Ct hepotbentdatatiatr eam S2.

11. A hod cqQtdi - ecedin ai. ch cterized in _that the
genera??gn oP o k@%a?%%?@%????% %Engggg 3P%'r SPeFen 3158dF8th§Fa
stream 30 and fbRracteamnshict aumbedsocdasasstingamicenprinbes Cher fi6l Kowi ng

steps: a) cahcehakaegeiggtgechuﬁbg?sw@eﬁepekea $PeRI 58k RAWBE Qeg$ity of
the audio streamand applying to it a” filter representative of "t hie
attenuation of the inner and 35 nmddle ear to obtain a filtered spectral

density; b) talcunl atthgdi Bdivirdual; exchhat hbepschiam thgim,

15 characterized in that the generation of a characteristic
number for a reference audio data stream and for a
transmitted audio data stream comprises the following
steps:

a) calculating N coefficients of a prediction filter

20 by autoregressive modeling; and

b) determining in each time window the maximum value
of the residue as the difference between the signal
predicted by means of the prediction filter and the audio
signal, said maximum prediction residue value

25 constituting one of said characteristic numbers.

13. A method according to any preceding claim,
characterized in that the generation of said
characteristic numbers for a reference audio data stream
30 and for a transmitted audio data stream comprises the
following steps:
a) calculating for each time window the spectral
power density of the audio stream and applying to it a
filter representative of the attenuation of the inner and
35 middle ear to obtain a frequency spreading function in
the basilar scale;

b) calculating individual excitations from the



filtered spectral density using the frequency spreading 32 function in the
basilar scale; c) determ ning the conpressed | oudness fromsaid individual
excitations using a function nodeling the non- |inear frequency sensitivity
of the ear, to obtain 5 basilar conponend3; and d) separating the basilar
conponents into n classes, where nis nmuch |ower than the nunber of audio
sanples in a time window, and preferably into three_classes, and

cal cul ati ng F5RIBERRYcFR 824IRANBERCELPRpiBsEREI RGSLREY10C84UMY of t he.

frequencies of tha) dwssinih@réendaidigpeddhed 1sushasAct &4k Sdd £ nunbers
consi sting otea.nugbei Cor.n .,<n characterist%c nunb ri,geneﬁated from
sai d nunber s*BIT Y AMUAL LEERLEAELRBP dPRY P 02 ahPh é@@d?ﬂge L8P nfFhgsnon-
charact eri zetlinmath@tetthenggneeationvof yaofhahacker| stocobnamher for a

referencg augggigggacgﬁﬁggghggg for a transnitted audio_data stream
conprises the folTowng "steps: a) calculating N coefficients of a

prediction filter d20cdbhclakatoredrigeyi o bdel s W r amnf)netete ning in

each tinme w pdew; thgoABxLEER ¥akHes 8F Lhg-LgsLduenag; di,{f erence
bet ween t he gignal Bredicted bé#ggans ofﬁ{he %?ech?%%ngiF?er and the

audi o si gnaPUtSAPArRERE HENIPFE f oA%flesi due val ue 25 constituting one of
sai d characteristie«) ngsierstins. atd 18 N0 has G 18 4101 Sye RHLERRH NgH€l ai m
char act éized ig %hat t he ﬁgngratio gf sai d ch?rg teﬁistic nupbers for a
referent® audf8dhtEestrREHY 36" GRd For°a5tr 8REnPEt EBSalldi Bradt & iPReam
conprises thecefdbitbanng.steps: a) calculating for each time w ndow t he
spectral power density of the audio stream and applying to it a filter

representative of the attenuation of the inner and 35 middle ear to obtain
a frequency sfreAditpghpdnacronding thecbasinl 48, schhsacbyriakdulat thgt

i ndi vidual exgbtahhpRstEro8tt Benumbers consist of 1 to 10 of said

15 prediction ccefficients and preferably 2 to 5 of said

coefficients.

15. A method according to any preceding claim,
characterized in that one characteristic number is the

20 instantaneous power of an audio signal.

16. A method according to any preceding claim,
characterized in that one characteristic number is the
spectral power density of an audio signal.

25
17. A method according to any preceding claim,
characterized in that one characteristic number is the

bandwidth of an audio signal.

30 18. A method according to any preceding claim,
characterized in that one characteristic number is the
continuous coefficient of the transformation by a& linear
and orthogonal transform of at least one portion of an
image belonging to the data stream, said transformation

35 being effected by blocks or globally.

19. A method according to any preceding claim,



33 frequency spreading function in the basilar scale; <c¢) obtaining the
conpressed | oudness fromsaid individual excitations using a function

nodel ing the non- |inear frequency sensitivity of the ear, to obtain 5
basi | ar conponents; d) cal culating from34id basilar conponents N
prediction coefficients of a prediction filter by autoregressive nodeling;

and e) gener , t.on aracte LSti er for. 10,ea tinme
mnndom/fron1gbgpggg%r%%§ao gtﬁ%aﬂ “predi F?Sﬁerég %FlBP@R?§ li4gﬂﬁ net hod
accordi ng tocehbrast3otchtr deteri 2rd aneahaf athémebar hefeng$higctaunbers
consist of I+t9 39+9f -gakgy,15 prediction coefficients and preferably 2 to 5

of said coefficients. 15. A nethod according to any precedi ng claim
characterized in that one characteristic nunber is the 20 instant aneous

pover of san audlm Skgnal. aééor&lﬁgt B@daﬁQCQEQbéglﬁg anyiRreceding claim
characterlzedhl at . on éﬁ eristic nunb the spectral_ power
density of af 35@? eg}éﬁ ln2 37. O%Fnﬁ?ﬂﬁﬁcﬁﬁﬁbﬁaﬁﬁgnPﬁbﬁﬁylErEE@dlng
claim charapaeLatedrlnemparabn3cthamapteflst|Eeasﬂbeﬁeléréﬁeofbéﬂdwﬂdth
of an audio g&gﬁgl. 30 18. A nethod according to any preceding claim
characterize that one characteristic nunber is the continuous
coefficient of the transformation by a linear and orthogonal transform of

at | easfgonesporiigerpbqa begl ongi.n d tream said
transformation 35 bechngd chggggﬁ% E% gg sgg%eaﬁbﬁglﬁigl 9. A nethod

accor di ng t ochay2pretedrigliel Bpat Qﬁecﬁ%@ééﬂﬁﬁriéﬁlFnnﬂmbﬁrohé the
characteri stagenagbenrightN€ssCONt §BS1cQEt Abnbeasta0ne ghedm@fean i mage

bel onging to the data stream
22. A method according to any preceding claim,
15 characterized in that said points D; and D; are generated

from at least two characteristic parameters.

23. A method according to claim 22, characterized in that
said characteristic parameters are audio parameters.

20
24. A method according to claim 22, characterized in that

said characteristic parameters are video parameters.

25. A method according to any preceding claim,

25 characterized in that the data stream comprises video
data and audio data and the method effects firstly video
synchronization based on points Dy and D; asscciated with
at least one characteristic video parameter corresponding
to said video stream and secondly audio synchronization

30 based on points D”1 and D”2 associated with at least one
characteristic audio parameter corresponding to said

audio stream.

26. A method according to claim 25, characterized in that
35 it includes a step of determining the synchronization
shift between the video stream and the audio stream as

the difference between said shifts determined for the



5 20. A nethod according to any preceding claim characterized in that one
characteristic nunber is the spatial or tenporal activity of at |east one
area of an image. 10 21. A nethod according to any preceding claim
characterized in that one characteristic3munber is the average brightness
of at |east one area of an image. 22. A nethod according to any preceding
claim 15 characterized in that sajd points DI and D2 are generated from
at | east tmovéﬁﬁ?aﬁFE??gt?EdngénﬁP%rggd?g.Sﬁfﬁé?hod according to claim 22,
characterized in that said characteristic paraneters are audi o paraneters.
20 24. A nethod according to claim 22, characterized in that said
characteristic paraneters are video paraneters. 25. A nmethod according to
any preceding claim 25 characterized in that the data stream conpri ses
video data and audio data and the nethod effects firstly video
synchroni zati on based on points D1 and D2 associated with at |east one
characteristic video paraneter corresponding to said video stream and
secondly audi o synchroni zation 30 based on points D'l and D'2 associ at ed
with at | east one <characteristic audio paraneter corresponding to said
audi o stream 26. A nmethod according to claim 25, characterized in that 35
it includes a step of determ ning the synchroni zation shift between the
video stream and the audio streamas the difference between said shifts
determned for the 35 video stream and for the audio stream



