21 July 2006 1 A METHOD OF SYNCHRONI ZI NG TWDO DI G TAL DATA STREAMS W TH
THE SAME CONTENT The invention relates to a method of syncﬁﬁ&ﬁb%%%@ t wo
digital data streans with the sane content, for 5 exanple a reference
streamtransnitted by a broadcasting syktem and the received stream which
may be degraded, the nethod being usable in particular to eval uate

transm ssio 1Ay et i ntr .0 f digital technolo into the 10
field of brgﬁgca§¥#%émégg?%$$§®gg%gpgﬁ&%@ T@ﬁeHégAuﬁTRﬁg pFéEBect s and
means that Jéér SAEY A0&ITENTer ed nore services. The signals are nodified
during the variougpst age b gﬁgg ting_them because technical
constraints 15 inposed, ?%F9é§a%p e ?% tgrﬁsm% h%?ﬁ%féﬂgl YWt h,
cause char adtér idd@it adedativopatponsduiichg thief emal tonteansnfssi on

condi ti @ns. ckampe cabl edtre rBRe¥i derdafuakihy %%ggeﬂ SEIYLELy %Eti}ls .
necessary to d velog t%%ls and instrunents FB( n%asurlng Fhe qu%llty of
the signal s ¥R&SWRE e thEppEFRABEE, SEBRaBst WRAERNEaY hee ndgmiaded, of the

det eri or at i thet hathbasbecayr uedol Dy PR2SUELNEMEL hods uhave been

devel oped f ' rpose. .Mpst of themare based on conparing the signa
present at ?ESE?ﬁ%ﬁ?E8 gﬁngEYSysten1under test, which is called the

ref erence signal ,Thai it tdvuctiigmalo foltiajitedl atedt® leutyputntef thke system
which g cakledqthe degraded: signal .- Lh "reduced _reference” nethods
conpare nunbers cal cul at ed ?oﬁlté?d}éﬁéégﬁgesé g%%f%ﬁﬁquﬁn? Regr aded
si gnal inst®8d BFO3SPeHEFngnd Heeangniiasanpees why dut | gf fdredatdreases, in
order to evabyateeguality by neans of a conparison technique, it is
necessary to syngg{onhze the signals in time. Figure 1 depicts the genera

principle of these® 35Ittodse RodRddgs Srdmdornngarinshouk shegsisgnal s may

be of broadcasting them because technical constraints
1>  imposed, for example in terms of bit rate or bandwidth,
cause characteristic deterioration during difficult
transmission conditions.
To be able to provide a guality assured serVice, it
is necessary to develop tools and instruments for
20 measuring the quality of the signalé 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
- technique, it is necessary to synchronize the signals in
time. _
Figure 1 depicts 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 system under 21 J ﬁ,%ogg 2 test
is small, for exanple a coder-decoder (codec), and not geggﬂﬁb 0 1y
distributed, this is not the case in a conplex system in particular in
the situation of nonitoring a broadcast? network. Thus the synchronization
5 step of quality nmeasuring algorithms is often critical. In addition to

appl i cationg fQqr 1ng ual it a broadcast network, the nmethod
descri bed hgreﬁhlgg%%gpprlg EIgxﬁﬁg%gvgrCPgﬁﬁoﬁﬁFog?ﬁcﬁ?%ﬂ?ibt|%ﬂdbetmeen

two audio @l@dﬁ/@leqqr@@@ls:a@ﬂaal dibsribquiededthin parhotutlaé t&8s40ik he
context of aofialsd hiycednandoxkended SYSt M., Var | glisy Lechpl ques may be

used to synchronlze gna ifve is to establish
a correspoW@@ﬁ&@rB@QW@eﬁraaﬁéﬁﬁFoﬁebwothe d@bﬂadéﬂeS$gm©mrQEIZQWEb®

portionsof &hepr @ffeE:_{@@QQt§| 88aku SR gFhgYbe: nhd QQpbf’éént@fist 8,1 he case of
two audio S|gnals emls?o etermne a shi atW|II

synchroni ze the & éﬁ%ﬁ£?91EQK§R£%&F%ﬁlQﬂFzﬁﬁﬁ(ﬁgﬁ%ﬁﬁﬂngIQﬂé%iﬁﬁlhﬂ1 (or

el enent) for hhbeﬂcastoneéﬁpﬁhdeﬂﬁé h@&hb@ b@s@ﬁi@@&lﬁ@ﬁghnZQBIS atime
i nal W Itrar uration T. The

wi ndow, i g pecied of ﬁhe SI
exi sting rretﬁ d SRRy ChEGPY; %léd TAYe ¢ rﬁgncgf%%@tl TEI2R? o Appr oach
in the t|neaédﬁﬁlﬁﬂdThrsVL@eozsagMQlanss neqaira@prnaqhmandmmnmﬁlﬁﬁs in

comparing seel esntokethe 4ve audi0.eLonaks SR aNSL SR 4 be synchr oni zed,

based on their content. Thus t normalize er corr i'on function
between SR and sﬁarfﬂd?u%%mr@quq%m fasy Utshiei rex isymehresénl ance over a

given tine aﬂgp@éloglgmaiéﬁlﬁxﬁme PIAS OF&dAlse 60 R,y ds dt%lblalélfpt

~period of 120 ns. Th ra of synchronlzatlon obt al ne s potentially
to the near%%’frgi%ﬁl enc /T oh ROPr R hhelagrasiash b anadsiSg
mar ker si gnamg: an@@h‘oﬂ&ntdﬂﬁtth@&réf&ﬁerwé r’@i@{eﬁl srek Fegu3e gvercone the

necess{fy fcﬁ’épf&@&' El'lfgnltn V§ reI acta{soensof ntwo 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.
* 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 all r obust
synchroni zation is inserted into the 21 July 2006 3 audio i%ﬁgﬁoogR. Thus
exactly the sane intercorrelation method may be applied to the marker
signals extracted fromthe signals SR ahd SD to be synchroni zed, which in
theory all ows robust synchronization regardless of the 5 content of the
audi o si gnal;, 4k rder t@ usenfhis d,,..t he marker.  signal st be

i nserted inaggé% §l%§€lt§5f t%%u%De| %QP i%%eoﬁaW$m§n§§ﬁé§ﬁﬁei%£%q?b audi o
signal is a¥eithper Bapt Pl aprdiegossi bhe. mSekerabigeehai quesanegdbe used to
\nsert 10 MECeRr (hkgfabhatt efheid shedd e RALLENIS: B UAiRY in .
“wat er mar ki ng". _Syn 3ron|zat|on u3|ng tenporal markers: "nethods of this
class are uggﬁpéyoﬁﬁ OWf tRBUSFgAXNSNEPBLIA3EbCRatedardienstefiporal narkers.
Thus thé nmetbodenel bésthe abdideBighying, for each marker of the reference
signal, the near tr erker in “}i‘ series of markers associated wwth the
degr aded si gnal . POVEFT Ut® st¥nat ks z doMmartoF e lc Risict eri zed
by a conprohfsénpertednin2uchsaasayraoyt the.mdder i@t Ian &f rade t hat
occurs  on N, Zi t g ip_particular, the nmethod nay be
sensitive t%M?EEEgo%%eﬂgeo%Q?ﬁé g? ‘?1%% S asi%@%ﬁ?%?ﬂ?}%na%oml exity, and
- finally, PRESYblame ¢vebeh heckstauysfmzy 05 widdcto ngnddwet

synchr 00i zahkBRer TREGHRL & &F aybRack ' Qf};ﬂ; Iy enployed
(using the gorrel at?e%n approach ref%é?ée%ﬁ%eﬁ%g%ve ?QB?%led%a cul ation
pover that i hetBIESHY9 which becones very high as the search period T

i ncreases (see 3@ Bygoheod)izabiohhesingj eengdbawbagk riksrkheyneregsi by for

t he content e ve signifi,cantly and_ cqnti nuously. Depending on the

type of si gtn% 3 %ﬁ%ﬁ%zaer, lfsfﬁ‘%f‘ o l%l%ss%}ﬁ]e%eadfe BTS ACof of the

si gnal s t he¥etlorieemprasala mh rleets i nfliuenatheomdtioerdlorgmnge of the nmet hod.
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 sﬁnchronizing two signals (in particular, the method
may be sensitive to the content of the signals),

- its caleulation 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 continuocusly.
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 .t or.al
signals, it is necessary to have both the signals SR and %%gg'a%oﬁgbl e at
the conparison point; this 21 July 2006 4 is a very severe constraint that
is impossible to satisfy in sone applidations, such as nonitoring an
operational broadcasting network. A feature of the second approach (using

correlation; 5._w rker si | e.nodi fication,of the content of
‘the audi o si%&ng}mvtregﬁtei%%é:ef rcg)%%ilt%)éaépt%i %gthésnﬁPE8PSl§%Sn5‘f’s‘?’a‘f/\ﬁ no

guar ant ee ast §oRewaphild ogitliionisppasthoas goalibyinghennmepsuaeieml met hod
therefore impfluenees ihbhenatasy enent itself. Regardl ess of the performance
10 achieved in terns of synchronizing the two signals, this approach is
not al ways suitabfef$drvu5er @8I tiRiaFsE9nc arpRatON(EPHIT cabrsdatiional |y,

the maj & dwawhaskrabrsynehuosizaki eAe UsbAYri EEERORALr MBRKEESHESHE he
s. ,Because the accuracy of the

" necessity tqprovide the tenporal . mar ker
t enpor al ma(r% ngei gURSP 39\%}?3 §§?Pi?é§?o¥§?moﬁii§e5tf€% 53 TEHE S ons are
‘abl e to useigneéehnivgbb ob phisakind. asntdheosonhext wdil bimsgensin net wor k
noni t ori ng, .. hec e t] o] raints th apply t.o the 20
_ %gﬁﬁltga gﬁ% PEESEEEFEHF LBLE§ Pﬁ%gg%%re lng%%?gg%%égh%hrough

signal s transport . I'ple equi pnen e’ Sig
(coders, nulERPHERBEBL 1tpaAfnul REphesbess odbBcolbergserforminced here is no

strict 1orel athoasbipi hetuern bhegaydi o 1§i;9ﬂ‘?t%stﬁé'dt&£'e£ alyy, ymrkers.
Thus this solution dpes not achi zge th% 25 necessary a%c rac{/ ftok%lrgg qual ity

measuring apBPTRafionS BSFngluarefenbiriele AFoBh} ebeabf Tedkl i esent
invention isvhbudefoneappleshodn of achi eving synchroni zation with a chosen
~level ) of accur acy, f. | ower conpl e>8;ft th%ﬂ exissti n me_:tzhods, 30 .and
combi ni ng t he adv&ﬁ{agijé’s’ of % &R Paskned, synebhoddeadyrantsnngat i on
i n accor dantempwtdl tiherkavent s obhe deddeB dist At €rppsvidngechaviesedhaiation is
conpatible yitf.. L he sybseguent ugc?cﬁ)rtacs}; andarnd, "gei:rﬁlgérgfr}z?ahgkoenriszafsi on
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 multiplé 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 a 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 1if extreme éccurécy 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 g )&Qggosed
nmethod is that it achieves synchronization on the basis o 14l t one
characteristic paraneter that is calculated fromthe 21 July 2006 signals
'SD and SR and defines a nultidinensional>trajectory, fromwhich the

. synchroni zation of the signals thenselves is deduced. Because this nethod
uses the tenpor ontent of the signals, the content nmust vary 5
contlnuouslfltgagﬁs P e 0Pt PMARS WIdHIGH Zafiidh idd@ensional prior art
tenporal cotmefjatitonypethodswhibh advapyagrrehizbbeonr oposes sEshOLs i s that
it achieves hation u muLtidinensjonal tra ectory obt ai ned in
particul ar 6§ghbg%g%nlgs 2 gﬁ?§r|t§e8?uéﬁa &?e@?é??% PEFAnER®rs, which
10 makes |ttﬁﬁpérﬁélpabténthaﬁ the pmgoalartthethodsenﬂ\mw@ﬂawﬁﬂyal

advant age 0bohB€niBLIOY PHOBASRLCDYo, 1REn! DVROLLON: Lo, 1001 L1 Necqast ! at es

only a snal | quant|t¥ data to a |eves ronlzalon hi ghl'y
beneficial PRiPRe2&bn @%Poéﬁleﬁﬁﬁééﬁﬁlﬂ@tm@tkOQS nn%h@o@dv&ptaQEfQﬁn in

“this cont eXtheI prbﬁogéﬂeﬂh@{:hbﬁd ﬂ@ttu@@gswl&ﬁ%@@é’%&f@eiéﬂ@l&?%
signal s SR §E avai |l abl e at t he sane | ocation. Oonsequently, |s not
possible to usLe1 heTLUERALAPAt t ERPOTEFOEYr PRI Hppraaehc Ut do in

t he contextcofibanimal &tyludl epsof enrataepPptisetd %hréﬂi@téﬁo%ﬁﬂpr oach
using. jgorrglatio S j,s_not. eaS|I abl e because it
i npacts on t%e qu&%épep%%gé%?%wén S ROHT a%lf é)‘ﬁfﬁcgs the

synchroni zati on rﬁ’etwa@ferttlﬁel ddmeertisigen oifs tm@rrp@tthbldep\mopbsedabyty

nmeasur enentcZe 19ednt fLies; Qa@?éjtof‘tcr%?@é BLErS cul ated from

t he signals. The data rep#esentatlve 0 %e 1H%éra03§r|§%?% parameter(s) is
usual |y corVéd 1y thedatdnfrard doie yoi sitrcluvar zatdigi t athidmiks Thi s

digital Ii mgwmm@y Usend e SAm: [ANERR A gl as the 30

audi o gnal ternatlv a dedicated digital link may be used. In one
parti cfﬂ% c?ﬁ)a?ﬁ uﬁrédfﬁ‘% ra udihtisy © rergntl sapifinegaliloh, the data

used to acm@/@owmﬁ oro ZedvertHes tobki aidigd SHomiQn 1y Jradaual ity

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 quality 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. 1In one particular embodiment, used in a quality
measurement application, the data used to achieve
synchronization is obtained from one or more quality f ;
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




measur enent paraneters. Moreover, coarse synchronization 35.is aqbtained
fromdata DI and D2 calculated at intervals of A = 1024 addi'8: | es.
Fi ne synchroni zation may be obt ai ned g romdata DI calculated at intervals
of- A 1024 21 July 2006 6 audi o sanples and data D2 cal cul ated at intervals
of r <A for exanple r = 32 audio sanples. Thus in this case the nethod

obt ai ns fifedsynshmpniczatd ddws bs 33 1diIPSedDie ageerdtel d hen the

quality megsyrgmarkltorpaer %netfer trgnggi ssi.on i gt erlval ) '%}hle net hod. t heref ore
i ntegrates natTral1%y ifto a - df gitaf £uf&Gi SPOR 1§Tal ity ot t of thg syst em
in an opeRS o Wit st swofine Howevkronizatsompphatabse32wher ever

t empor al  syineds ondZat heBubatweenainva hd gl Bit§ méLEULEREntThus the
proposed nethod @g?l Ves sgchrom.za{t é)vnatﬂnvmth an accuracy that my be

chosen t o 'obtEI -3 ver § SharT Parnde < certainty. It advantageously uses

at |east sone Tfe thrthped ablesefogkr dadpwaltmd ataditallgvanbate the _
qual i ty ofgidwer 5 gpal evIbeoabigubly tho ridrartor S QM A8 ext endad search period

is al so beneficgial special lly as_ the robustness of synchroni zation

i ncreases “Ri rt%tjt%a]df‘ﬁlgcfaido%so‘%/ If%tew%ﬁé'r ;)Ii??n"ée%%lf i ot The?BP E)Sggtc}emst hod

t her ef or e vitrze ot tamuse t ynalseont za ehporké tweekefeo extgnadb 18 t he

audi o si gn{g irddne signal to be synchroni zed does not need to be nodified

either, which isg i rtant in a,qualit Basur ement lication. In
accor dance wit TP ASHect*HOTRE BRECsht 2 THvaiT o ENEV: P& “pPBvi ded a
met hod of wytomeenyacywehdkgineyl bdatchosieredns sbtainhe yawy content,
char act eriszaed Dyrage geNCRAEERHadhtY Vet IJHRIVE $ob@E] §aGRal afthe two
digital data streans S, and S2 at |éast two haracteristic_nunbers
expr essi ng S | GHEES Ge DAT aRBFEIS teE AL I A BFLIRERR Eontent: b)
gener at i ngviarlomatsaithenymsdris poihtshd, signk D2 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
use of temporal markers external to the audio signals.
The signal to be synchronized does not need to be
modified either, which is important in a quality
measurement application.
In accordance with an aspect of the present
invention, there is provided a method of synchronizing
two digital data streams with the same content,
.characterized by:
a) generating at given intervals for each of the
two digital data streams S; and S; at least two
characteristic numbers expressing at least one parameter
characteristic of their content; '
b) generating from said numbers points D; and D»
for each of the two streams S; and S; representing at
least one of said characteristic parameters in a space of
at least two dimensions, the points D; corresponding to
the stream S; and the points D, corresponding to the
stream S; being situated in a time period T and
- defining trajectories representative of the data streams
S1 and S; to be synchronized;




for each of the two streans S, and S2 representing at |east one of said
- characteristic paraneters in a space of at |east two di meriditgh2006he
points D, corresponding to the stream S, and the points D2 correspondi ng
to the stream S2 being situated in atine period T and defining
trajectories representative of the data streans S, and S2 to be

synchroni zed; Ve + 2 . shift] he-t ] | ods .dquration T
assigned to tﬁ%j ;ﬁﬂgjjﬁ%]qﬁga%%e g%%@%réé%%ﬁ EZéL?%?tgﬁl{l/(e)Pt%géégﬁegot her by
cal cul ati i &hg i4iFitonl ofatapekpesisi 6n @idsdi drelataieetori eachavi ng an

opti mum vajtier e %@q@dl@&_ﬂr@e a 'QQWidradns yrchiQRIERkI @ ondh rCRAQY NG the
shift between the tinme perjiods corresponding to said optinumyvalue as a
val ue reBﬁ@Q&ﬁ T3 ot Y HRI sPRCRPHATZEY VEA LeTREPHRSSIFIE 09 ddant ageousl y
char act er izserhiired hagnclomenbzatbendi gital data streans is a reference

stream S1, the;,othe eam.i tream,S2 received vig a
transm ssi on s?@tg%%é#iﬁ%ﬁ%%érgﬂéﬁgrggtgﬁ%ﬁit Bt P?£+8$§nce stream S
are transEaiEERdetowt he anddt beptimmbersluwharsct evastec of the received

Strea”‘32ﬁﬂﬁ%eééﬂﬁé%f@@dofntﬁees CRIrMe 2 A fdf St variant of the method is
characterizéd in that the step c) entails: cl) calculating a distance D

R { .
bet ween a firsttne MGG rS redvebEagegusy vt KEPAHIST Diedelbnghag to a
first ti mongerifodhef ddyiatilodataard raamecordat Hajfeebary steprfsented by the

oi nts D2 _bel ongi n 0 _a second tine eriod of duratiop T, said distance D
(F:)onsti t ut itlfiilée s?ar}iqbelgsciPpte? p%g’f?ia{.r)lnlériat g&ir&"f‘,m atrd r@’f)’“°’%‘?ﬁ$t‘f% Raid first and
second ti reapemicusiaf systani obh® neibisinse dheeacte ol Set cuofi tha ni ni num
value is Qgiqned for.dhe di Sahaé‘C@r%&ﬁf’ﬁ‘%ﬁ%&“%&'&r‘éﬁ%ﬁa'a g Opj L mum val ue.

The di stance D nmy an arithnetic nmean o i'stances ‘'d,” Tor “éxanpl e the
"Eucl i dean§i¥esicediamgiveehstic of the received stream S; are

calculated in the receiver.

A first variant 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
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
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 Euclidean distances, between
corresponding points D;, 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
correlation function constituting said superposition
criterion; and

c2) shifting said first and second time .periods of




correspondi ng points DI, D2 of the two trajectories. A second variant of
the nethod is characterized in that the step c) entails: AlJulyA000l ating a
correlation function between corresponding points D1, D~ on the two
trajectories, said correlation functio® constituting said superposition
criterion; and c2) shifting said first and second tinme periods of 21 July

2006 durat idon T.rel @tiVﬁ IL'O each other until a m ninum value of the
correl ati on®FORELPBNTi §S0BFATRelOt RAFRcBRREFt BREE!l IPEHHRET A%l ue. A

third vari anft bhet hermeihodonsfahatacheiszedthimed that Ethessiapd
entails: cl),egn : h trajectory into a series of angles between
successi ve é%%ﬁe%ﬁéaﬁggiﬁgguﬁy the points of the trajectory; and c2)
shifting said fifsttian seoomht iofe ey inedshaaf 1] @hdusatticon ZEBdr éhat i ve to
each ot her gaht! +BeNLPL g)V@.lllg%ilgs obtai ned for the differences between
the values of angles obtained for honol ogous segnents of the two
trajectories, saidmSAMfRVAUEIBhSHAIRAGSY Ysdindo epsienimsvalfue. 15 The

method may begthariestesédedutdethabe t hegmdoPs et AR5 tifd JpSILEr ti ng
j ories into a series of areas intercepted by successive

the two trajgec
segment s de#’fn%laebvé?%%(:t%BYht%n‘gf said trajectories, the total intercepted
area 20 consti t utdalg sdifit isuperpesifiret ehd ekicend anetec Persbiakt bRg t he

time pesio i T ive ,to .each other until, a m ninmumvalue is

obt ai n6d 'o@%%%%g%a éﬁl%?%%i% et Gt eoat%%ilght il RIS st i tut es

‘sai d opti mid veriaingd for ke siftdreniaatharvarr etecourlates odhe of said

given inter : t streans and equal to
M) To dMLDS KAV, %ﬁﬁg%ﬁ%ﬁ%‘%}‘%&% e SR

r < Afor the other data stream e Characteri zed in that
the generdtiBIFTOBAT taichdtidringm & aduieh eton Stort Ut Imef evedice
optimum value.

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

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

c2) shifting the time periods of duration T relative
to each other until a minimum value is obtained of said
total intercepted area, which minimum value constitutes
said optimum value.

25 To make synchronization 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 audioc 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 audi o data stream_conprises the
follow ng steps: a) calculating for each tinme w ndow the sp?ééiﬂryaq 06povver
density of the audio streamand applying to it a filter representative of
the attenuation of the inner and 35 mdd e ear to obtain a filtered
spectral density; b) calculating individual excitations fromthe filtered

spectral density.usin e frequency spreading 21 July 2006 9 function in
t he basil ar ﬁ‘é"& CHAE d%pgrh‘?ﬁ?ﬁart %SaEBerressed | oudness from said
i ndi vi dual excitat] ofstesningimay funetdconprdeld NgddieskoFrdd rRear frequency

sensitivity;iphit,hg,8qr ' basi | ar copponents.. and separating
the basil ar lqoﬁpéngﬁ?sef{%tgggg![c gsggéf}a fof BRahpE em‘ﬁﬁée]rjen% tﬂz%,n%}]d
preferably LAPgarhfseduenagseensihiivitycofathagedor eactbtdiss a nunmber C

represeptingakheasusbRboh bR £ egygncies of that class, 10 the
characteristic nupbers consjisting of the nunbers C. Alternatively there

are n' < n char acteriRNICHIMWbIE Lpsidrat epmonandsi d nenbercs agseFhe val ue
chosen for Boiksexamphel ouerethan $heaRUNBLLrofaSBPPIRS, HiFeexanpl e 0.01
times that QFQQSE' 15 The getﬂo‘d, may_be characterized in that the
generation of “a char 38T erP st et OF or2 G refdte it VRAS & data stream
and for a trapsefentinaudio siat osttleantfrequpicises dheal |Owidw steps: a)
cal cul i ngeNocogl fici iction. filter by aut or eqressi ve
model i ng; and b) %i%%%%ﬁlﬁﬁé irﬁ“mg%eg% tée(%r%%lr% A it ovz\ﬁ'ﬁé’”‘wg%ﬁ% " val ue of
the residuetaBe et dV¢ ¥ eridieee potawen € e cigradtepredictegkinraeans of the
predi ct i on déhdestandeidie sl Qurldinalc. Saih TRXIBRIRY G0N, resi due
val ue 25 constjtuting one of said characteristic nunbers. e method may

be char act dFGRATFET Hetah Hdre gembat ioh vimekasd dvar seearls i Hunbers for
a ref er encet hueld ot ket annsigeeam and for a transmtted audi o data 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 audio 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
frequency spreading function in the basilar scale;

¢) obtaining the compressed loudness from said




conprises the follow ng steps: 30 a) calculating for each tinme w ndow the
spectral power density of the audio stream and applying tliJdy200j |t er
representative of the attenuation of the inner and mddle ear to obtain a
frequency spreading function in the badPlar scale; 35 b) calculating

i ndi vi dual excitations fromthe frequency spreading function in the
basi | ar scal.e;,. ¢), ot ai ni.ng, t.he conpressed | oudness fromsaid 21 July 2006
10 i ndi vi dué%delfgidtu&?i Sﬁ{&lﬁgi’:ﬁani P3rEGi 8n tHBEGELPRgMPABLABA- ThenBaR-
frequency sédgicErvifingaokntlye seas; tioiakt aifnthbasklkar teospesent s; d)
calculatingbg%gqb§akgm§gﬁgh@g_conponents N 5 prediction coefficients of a
prediction filter by utoregfessive nodeling; and e) generating at | east
one characteristi® ntbetldbing ebiedm t $aved Waslobe f rommindreastN’one of the N
predi ctison peeefithgoantseriQ-Thgrcharagt gLLgt LE; consist of 1 to
10 of said Brediction,coefficien%s@gn% %?%ﬁ%?g%?§”§§%§ega%¥ sai d

coeffici ent 81 OREILRIFA¥ElPERLENHaNBBA for an audio signal may be the

i nst ant aneous power gatdatirhe specddsd fonerh Aensddyi sth R the

bandwi dth. QOne c@g&gctgﬁigtig nunbgr for a videg signal may be the

conti nuous COSPf Ierent LBECY e PFaRst bR BREbYE athf | MedPrediChi¢hogonal

t ransf or m ofocgatflieasntesne portion of an i mage belonging to the data
streamjgsaid 20 t i i t by bl acks gl.obal ly,

and/ or ¢ he contré@?gg%ggt é%?fggﬁgqgﬁggﬁ%?%} eQQQEdg% O%L&/&P e°fpatia
activity SASatdapredhstiomeceopbhioicnhs andgerafeidlsly ehporadd @ttivity
(defined bysgoapaskspicidmid, a previous inmage), and/or the average

bri ght ness of 25 at | east one area of an inmge. The points may be generated
fromat |east twll& CCEATESitd s disrairnedufiiomsagspaghey 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 blécks 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 synéhronization 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 enerated from
at 30 least two characteristic nunbers obtained from at ply
characteristic audi o and/ or video paraneters. The net hod nay be
characterized in that the data stream &bnprises video data and audi o data
and the nethod effects firstly video synchronization based on points D, 35
and D2 assogig h. S ne characteristic video ar amet er
correspondlﬁgg%gqgg%g ggoggtrggn?anae 8§8ﬁ8F SrAfES §§ﬂ£%ron|zat|on
based on poPﬁ?§m9¢EraﬁérmﬁgpgmdiugytQoealdaeedmoasedemmth at | east one
characteristic aug anparanet e5e Ga5d 16 1 SAdE audig e, 1t My
t hen be characterlzed In that 1t 1 ncludes a et erm ni ng the
synchroni zaff6R Shi fetBemhBeRIt Rie §YVFHEQHEF@Eaﬂﬂaﬁ@lfheb%ﬁmﬁ©nS@%%an1as

the dif er emeebetsweemsahd shif hgadset 8¢ pEaRda éofhéh@lfféif@nééfeam and for
and advantages of the invention wll

t he audio sjream a E %F eg

become nore 8§BS?8nFabﬁ PBAAF gt herBeser i boF ohl%i THI99 serder to the
appended dr &wkngbke andmblshreamFlgure 1 shows the architecture of a prior
art systemfor mRasuri ual j t of an_audi g Fi g 2

depi ct s the audi o sf%% syncfgo%Fga SR AESDIC E%fSlnvﬁpﬁﬁpg glgﬁoms an
increase in §9ﬁ@ﬁr@ﬁrga§p9ﬁreatc@man@adim@ ey desactpteimed vitlt he cont ext
of theiopreseptréAVENtOphe- agﬁé&wéa‘hfgwa 8, S¥amle of two

bi di mensi onal trajectorles audi o S|gna to be synchronlzed ina 20
situation where r Figure 1 mhqyisedhs agdhd tespivee owo avariant srof

synchr oni zasy@tﬂelbef_cv\ﬁameéy\@riﬂi@ﬁ% QfU L5t A5 S GNad J Ve i fplia streans;

Figure 7 is a flom%hart of a ectg y- based .25 synchroni zat'i on met hod of
the invention; - PG EFe b @ta§9ﬁ8hﬁéﬁpfétﬁﬁﬁcpﬁonééééﬂeﬁnce Wi th
t he |nvent|pw0hﬂﬁmm the 5|gn|f|cant

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 synchronlzed 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 of 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




paranmeter is a perceived audi o paranmeter, Figures 10a and _1Qb resgectively
depicting the situation before and after 30 synchronizatioﬁhﬂﬂﬁ%ﬂg
trajectories; and - Figure 11 depicts a use of a method enpl oyi ng

aut oregressi ve nodeling of the signal wilgh |linear prediction coefficients
as the characteristic paraneter. The first step of the nethod cal cul ates at
| east two 35 characteristic nunbers fromone or nore characteristic

par amet ers GF&EFCAF| SGCH RETEEKe 1R hB6RETaret Relspgakrd &b ipeeEyRERI oni zed
and ﬁverftha “eﬁﬂiFﬁ@ﬂ§¥ﬁ£@r@ﬂﬁzab?oﬂh%éthﬁﬁéagoﬁ =1§/ge%g§%ﬁeﬁﬁ§§hnunbﬁa
is therefore_.c ul.ate i ntervals e i gures an ich yields
N=TA pargée 8%5}%1Ff §§§5P8 SLifd Wﬁggegﬁsfgﬁﬂg? he SPhprEriey

cal cul ate, ssoaasnedt tioddeaaddesxeessiveeceabalbatbonppever. Each 5

charact eri sthgRa I kind_an . presented by a
single nunber,rfo?%gggﬁéfgﬁgéggeeéﬁggé t%gi8?igngg¥éﬁ§t%égowa¥ﬁ%econtent of
an audi o st§RAFSP8TERePHaRdR®ilaghe hempbexanbbe. ePpopidi ngOnde paraneters

only at intenvahstbrgkeat! parifetadusesthbe-gHaphit ¥rof, dat @ Hecessary to
obtain synchronhzatlggﬁfron1the reference S|gnal SR. However, the

accuracy of “tHBleddl tPRgPEPHEAABRI 289 ofXpEPIfecessarily limted; the
uncertainty with Pespbiding ol pdigalt NGNGB At rval® Al @rihe 1Rear est
si gnal ;sanp i s, A |f.this_uncertainty is too great, one
altern%?ivekgguégsrg ﬁcéu?ﬁél%%r?gdd%fah%ﬁ%%%??th?% Bication is
rarely possfphehspnceationaftemi e refies¢nhon $henehl $ul aHocorvef,t he

'_ characteri sgj ) i t | 0 ta necessary for
20 synchron%gﬁtggﬁ?s%%§tEgéggft?%%ﬁggﬁghéﬁﬁékﬁﬁﬁ%%gk%é%ﬂﬁ%he par anmet ers
are al so usk¥CedSavalviat Enguadi t yhoyunenpbaimegy twith paespmttertss Bn and P j

any synchrondzat i 99nEht-ohi 2X€E84I NY. o I N&, rasol ML i 00 ¢ Osf%gfndatlh%aQ@Jl.aéTEt er
w | | pigvent QE&I tion 25 of the deterioration introduced (this is
Situatidn AS AL gur£f3SblS uncertainty is too great, one

alternative is to reduce the period A; however, this
modification is 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 quality by comparing the
parameters P; and P’;, any synchronization error exceeding
the resolution ry; of the parameter will prevent estimation

25 of the deterioration introduced (this is Situation 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 signdl 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.




To obtain an arbitrary synchronization accuracy, wth an uncertalnty val ue
r that may be less than A/2, for exanple, wthout increasi ubﬁ%)éuantlty
of data 30 extracted fromthe reference signal, the characteristic nunbers
may be cal cul ated with a higher tenporal3 resolution. For this purpose, the
paranmeters are calculated at intervals r < A fromthe second signal to be
synchroni ze t rad nal wh 5 corresponds t

par anet ers %P% gFug%garanePer ?ur%hé égPégFﬁF?ﬁn %%NB?EQ?g ?%%Teases
from T/ A toFPLr exgabéel ati on anadbmmulbmplenby Aor the received signal. 21
July 2006 13 Theysitugtion B of Figure 3 illustrates the nmethod used. For
exanple, r is a sup-muitrple of A Notation - T: synchronization search
period (T is a milt}pl¥¥ynehggnigation geaqnsti manivel nit tied asyndirigdiezat i on
error/ sunceetajpty; - e: synchronization error; - A period of calculating
the paraneters fromthe 10 signal; Pk araneter calculated fromthe first
("reference") signai®* ﬁaﬁ&mpg'%eF@ﬁﬁdﬁglSNH&@%OPhdﬁééPPnarrpﬁ /whi ch
calculatlonupeerodlﬁt?k corresponds) P' k: paraneter calculated fromthe
second 15 ("degraded") nal .SD.(k is a tenporal index indicating to

whi ch cal cul ati on perld’d1 ﬁﬂ?l%ﬁ9¥%bdﬂd§3’- P kl: paraneter calcul ated

- fromthe second —(%degkaﬁkmﬂ)oﬁnqytﬂurﬁhuﬁg|ﬁheapmemm@m@ksiﬁd@m thedi cati ng
to whigh cakeghation period A Pk 20 corresponds); and - i is a tenporal
subi ndex |nd|cat|n%)a nunber of periods r froml to Alr within the period
p. Note: duratixénBagsreésposdlevlanciinfeger thanbérsof sanpl es of the

audi o or vi depgeséghate” Posildiea KOG SLER REAGLTSES ihRePILATRLE gt O
define 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 parameter calculated from the second
. {(“degraded”) signal Sp (k is a temporal index
. indicating to which calculation period A Py
20 corresponds); and
- 1 is a temporal subindex indicating a number of
periods r from 1 to A/r within the period o
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’,* obtained
over the window k of duration A corresponding to 1024
samples of the reference signal or the degraded signal,

30 respectively, for example.

® 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
7 obtained from a combination of available characteristic

35 numbers. Moreover, this step reduces the number of

dimensions and therefore simplifies subsequent

operations.




one or nore coordinates. A set of P coordinates is «calculated for each set
of paraneters Pk Or P' ki obtained over the w ndow k of durdt/prt?
corresponding to 1024 sanples of the reference signal or the degraded
signal, 30 respectively, for exanple. The prine aimof this step is to
obtain pertinent coordinate values for carrying out synchronization, wth
gi ven bounds and J]imts. %’%s each coordinate is obtained froma

combi nation of avdt |YH ETHETEETLrFSRIE TSI n iise re o BT RS MUshi Hest ep
reduces theohtinterdofp di Aensi Bz ardmphbey ef prewsi aphifdtesr ssbsequent

oper ati ons. 0 n gne, preferred enbodi nent, two coordi nates
nust be obPé%ﬁég%%g ig—%? éggﬁbl gégpfof\/\gh%rﬁﬂ%n?%‘?ig?? tQaraneters are
used, each BftehRBiM@ey Gecndédate. deieemakiwkpordbnate. Alternatively,
nore 5 ghargghekrbsti€ I ; 0 i carried out
SPLORSRIRY By e RPSSRALI, IR 8,

to provide fewer nunbers, for exang coor S, are then
i nt er pret ed85FA%PrBfect? gATOTESM AespacRIme IS ast ommsxaimEnsivons as t here

are char acteoi&inat &w)Thas Sch 03 Be SPREE Mi&éﬁ/@cé‘d)oa‘[@é‘gﬁﬁ%ect]i%ﬁ or

~exanpl e. Thﬁrtlgi rd ste%) constructs the trajectory (see Figure 4). The
trajectory derinds’*SF ghht r%so@a%ysi’dilﬁih;tlcﬁ?s Fhe-hiif GI%8 gnal over the
duration T dyaneensrioftia sewhesrs ofo poisPdcd ik IS RBES MbdHH afa By

di mensjgns as.therg,are 15 coordinates. The use of a space with two or nore

di mensi ons enabl'es a Earti cular trajectory to be constructed, achieving
hi gh reliabilityTardthigh atewr sopstohicsgntheohiragbicanryAfites Fheseet hree
steps, syr\cm.omﬂwg;rta*ﬁ%édc%ﬂ'éefﬁge%@%%ak%r%y%@fao@e@p@lé%
trajectories (or curves paranmetered by ti1 i N a space Wo “Or nore
di nensi ons: *€ ARG SdIng 1 nrihe digetiived Thypypoissns RE aolseaiirsd from

si gni fi cantohwdiertss Rin calspdad 86itd as many dimensions as there are
15 coordinates. 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 trajecfories (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 = Dt
obtained from significant numbers P, = 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
Dﬁ, 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) is used.
The following methods are déscribed by way of example:

The first method proposed minimizes a distance




25 intervals A over the time period T. There are N= T/ A Iﬁ{?ﬁR% The
second trajectory is defined by points Dk = Dki obtained JH: 08 i ficant
nunbers Pk = Pki calculated at intervals A over the range T. There are N
= N=T/ A 30 points Dk If a period r < ASis used to calcul ate the
paraneters Pk the trajectory is defined by the points Dk of which there
are N = T/r T% thl% end, % crit rlon of resenbl ance between two 35
tra]ectorles S5HTSR ST $WPor 18P © Qﬁ&eﬁ“ points) is used. The follow ng
net hods are descrThedvbyivayded exanplealdhkate rstdiwtdras pveposed
mnimzes a ces2 u 5b n the.t trajector] The
basic idea th?g%@a%gu{g%eEgaﬁggﬁgﬁﬁe ogérg prOBF%?go 8?r%ﬁ%nt?%jectory An
approprlatee§§htﬁ§ﬁjépt0éach5tﬁaﬂé@tedyassaséhectednasfathﬂnmaxnmumf t he
mexi mums5 ra@a@eobfdaéwﬁl%%h&ayt@enotaft }aﬁeCHﬁ¥9ésC85£f§ g [ the
audi o or VI%EO signals. Over these portions, a cunulative tota T of the
di st ances dtB&t fBEACt RE BadREe RRIHA Spk+del ta or Dk+delta | of the curves

is calculated framegugiconspddyiand, (2)cuk el o vaspegimeldr g
i i i er to find the shift. m nim zing

appl yi ng su sive shifts delt in ord
t he distancaggﬁﬁPceﬁegmégﬁw??ﬁjgé?o??%g B qite Destepi OFs Dityettealodul at i on
for one exahbbecurWEshlaocaisuﬂeteﬁeﬂrhm tyoatoondi NBY esnd N(@ space wth

15 2 du@ensbgﬂgw'Afésﬁggt ggg?ﬁdﬁ?" é%ﬂfﬁég ghg fggt fﬂgr%#% | cul ated

at intervals r r'esor |on S|gnal
The dlstancénEP¥¢e§|V@sf%h@ Hhet ahtet beiweehz i e tNﬁ)di$Eqmm&oD1ﬁ% The

arithmetic peenedh tPgjPEREri1Ospeak 20 distances is preferred, but another

di st ance calculatlon Is equal ly applicable. N D ffkdelto = aD [d(Dk ~
Rk+del t a) ] Figure 4 depicts the calculation for one example,

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

is equally applicable.

N
Diff(deltd = o —%Z[d(Dk, Rysdeta)]

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. In one particular embodiment, the

‘Euclidean distance is used:

d(4,B)=u 2(% ~b,J

where ad = 1..«x, ay and by are the coordinates of the
points A and B and P 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 examplé




N k=1 where aD = 1. cc, = T/A and d (A, B) is the distance Fetwee
poi nts or peaks. This dlstance d(A B) may 25 al so have anf”@§3ﬁgm6ln one
particul ar enbodi nent, the Euclidean distance is used: d(AB) =mj~ (ai -
bjyd Aj=1 where ad = 1. . oc, aj andlbj are the coordi nates of the
points A and B and P designates the nunber of coordinates 30 of each

point. The S/ ft delta IVI he m_ni n1d|stance Dff corres onds to
resynchronlzgilon of 1t fr Sggi éﬁdzfcﬁ Equént LY16e the dRigiAal signal .

In this exalmlr@n@l'—eiulqal@ﬁlﬂlﬁtlﬂ)ﬁ peirdguceAd) tThe shhthrbsizZatwbhch is twice

the initial . r Lcuyl n r|od A. The synchroni zation range
wil | therefore be }%nF% %EO%% % ?% Ottt At (3) 2 25 The second

criterion proposed+Q§Aﬁa§1nkza£+gmApi correlation between the twg
trajectories. This critefion works in2a sinlar vvay to the preceding one,

eXCEpl Ehal it TR Sesod DAl b B Rloo s EIUALIENS LA (B Are

repl aced by the follown
(4) k=1 |ncﬂﬁF@HaFH8noB§FH?6F HefotEs Fﬁé]@@ﬁpaleeroduct defined as

follows: N Ya *b Tkid HNirerich rkdiikty similar way to the

preceding one, except that it maximizes the value Correl.
Equations (1) and (2) are replaced by the following two
10 equations:

N
— *
Correl(delta) = Z D, *R,, s (4)
‘ k=1
in which the operator * denotes the scalar product

defined as follows:

N
Zaj*bj

A*B = k=1
N N
2,85 20/
k=1 k=1

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

(3)

The following methods are particularly suitable for
B = 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:

* distance between successive angles of the

trajectories

This method consists in transforming the two-

25 dimensional trajectory into a series of engles 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:




Fk=l k=1 i 15 where aj and bj are the coordinates of the paints A and B.
The followi ng nethods are particularly suitable for 2 cooﬁﬂﬂﬁgﬁgpﬁ O her

t echni ques make the nmethod nore robust in the presence of significant

di fferences between the signals 20 to BE€ synchroni zed, for exanple caused
by deterioration during broadcasting, nanely: distance between successive
angles of the trajectories This nethod consists in transformng the two 25

di rensional traje i _aN\Se¢ries of angles between successive segnments
defined by the po@n@%#ﬁ%lﬁg Zﬁ@}cec oryelalFi gure 5 shows the defi nig)i on of

the angles AT. The criterionkdsed for synchronizing the two 30
trajectories is mnimigadd@iediatde $ol o N el iQFvetl July 2006 17
N1 Diff(delta) 1#%%%ok -(%Ek,d,,da T ({6), kK=f intercepted area between the
two curves Thi's NRthdl NS U IHE r iR st R PRIy (W& tdidrensi onal
trajectory dimenaisenilesrafieateag interaepteded by SHESeSShYErsegreats
def i nedcby e I . h trajectory. Figure 6 shows the definition of
t he inPercggfgggggégégé.g?ﬁgegﬁ?tg?%éﬁgﬁsga %é? ROHEH? ofit zFR§ the two

traj ectori eSTRIeREArH: zaFionref 6t hkowel tbwei dgfegiratbonof thd 10 STot al

=SUMS Di ff (daktarepddIKkakagdelal (7) k=1 Finally, the sinultaneous use of
a plurality of criFeria is possible. Once the value delta of the

resynchronizatioﬁ“ﬁ%ﬂ%&&ﬁ?ﬁ%ﬁﬁtWﬁ?@ﬁ%ﬂﬁﬂ%ﬂﬂﬂh¥Qﬂ¥§ingd§@@rﬁ%med by one of
t he above nethgdstothest we ﬁiﬁﬁﬁﬂﬁation of the following eguation:

N-1
L Stua =sum S Diff(delta) = Y [S,, g
| k=1

(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 thch 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 1is

achieved. Moreover, as explained above, the prior art




15 may be resynchroni zed by applying the shift delta to one_ of the
signals. Synchronization is obtained to an accuracy deterr%lrféb’%pmhe rate
at which the characteristic nunbers are calculated. Figure 7 is a
flowchart of a synchronization nethod. 120 If the required accuracy is not
achieved, i.e. if the synchronization is too "coarse" for the target
application tBer.e may be a final step to refine the preceding result. A
prior art pFEEBRUAECRR)CEESEppRFRItE® Vel baPEYheNr ohi daka om rtainty
range A or sigmhlshthstnow nsuf téeileny| yrenebbrfop1é hen cormlgxidy to be
accept abl e. nﬁ%i%%%i”&'; sqal g@gr oach based on correlation in the tine
domai n nmay be used, preé era%Vy IPi'approach that uses narker signals. 30
However, this stédmshntd del arsethbgrliyndnt et ttaien irseediibne renstasces

becauses i ncbhen Alahi ¥ TEASUEETBAN {YPEQ! o I RI 98L, BPRL GAL 0N, T efining
S

t he synchronization is generally not necessary Since suf fi'ci%ent accur acy
is achi eved*9hbibobetevhsienrrparer abovetwane. primrthars @hthdty 2006 18

“techni ques megesshamseit her aviaé | abidit ¥o0f1 datida o ¢ hep slgnal s that is not
readily transrg)ortable in a copplex and distributed system One particul ar

embodi nent BY EHECT heht PRntF BhAtdata 51588 Shpapva et i 1o lidnitori ng
audi 0 qual i4y imia adhyid abr teleMiisian tHoadeast: netmdmid Mt s cont ext,
a ngj benefit-o e.invention.i.s that it achieves synchronization
‘usi ng %gta %E%#?%% t!e@a?%lg%ll?%%mq?[f‘aqjﬁrﬁf, as this avoids or mininizes the
need to transm t Ddakase0 chpeeictiecittisynahbenisz@birorstDiniet 8¢ the

characteri s umderse faf i e | the . ' of .the deterioration
i nt roduced on(ﬁ]blr_oadcasti nge t ﬂeé%dgna :ch} éné%%cralﬁ%t%gémf rbgrcﬁatdﬁ S(r%éﬁngr ence
signal at & sipal gire e lreihaded (fidems thef eres anerioeediiged 115tr ef er ence”

net hods) . The riefrience tHIMRNS R a8 1S He reQ Vel £ JaAlR Llyannel to the

qual i ty. neasur enent point,
5 reference” methods). - The reference numbers Py are sent

over a data channel to the quality measurement point,
characteristic numbers Py are calculated from the degraded
signal at the measurement point, and quality is estimated
by comparing the parameters Py 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 3 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 §igna1 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 follbwing embodiment of the method of the
invention uses a perceived characteristic parameter known

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




characteristic nunbers Pmare cal culated fromthe degraded _signal at the
measurenment point, and quality is estimated by conparing te¥ Weters PR
and Pm They nust be 20 synchroni zed for this, on the basis of the
characteristic paraneter(s) used for tH& reference. Quality is therefore
estimated by conparing the paraneters PR and Pm which nust be

synchroni zed for this , tq.,be pgssible. .25 The principle of objective

' ST -5 %h%a de(%ag)c}ﬁ\?@reﬁ fg &35t SIealF PépEBSent ati on

per cei ved asur enent s
(sound pressudedmivet ,of evelindowrdnantef egUeneyinant o a spshghoacoustic
repr esent at iQR(-Soypd, Jor j level , critical .tinmes and bands or
bar ks) of tmoQg}gnalsz%% t(%ﬂ$§$g?gﬁ SNSRI Rar tang ?h&es?ﬁnal to be

eval uat ed), SoRsigleg@d e idotrliem CThivercedyer Spenfestéf ietted by

model i NG t hechwammoadd Q¥ an) t g r.al.l y p al _analysis in
t-he Barks d ﬁain ol.| owed by g%%ga ?ﬁg %ﬁgﬁ%ﬁeﬁé?.tﬁé ?ﬁ%&?%??3mjng
enbodi ment  G§FFRe Reidiosdlor (EREt PReEArNBH -usBhis pepeepepacametereristic

paramet er kmewnthaseifoec' per cevedoCoHRaBEER 7o THE ROMELLY OF ﬂﬁés 21

- July 2006 %?ggg&ane&%gsl% that it,establishes a neasurenent of the
uniformty of Ja-w ndow'in “PRECATH 5 sFGhRFOrAedobNditEi BREreiFede frequency

conponent s - gharscéblre iisecobyi dekeédgt acbeunni bOr BhaCesverset Yes "Perfect”

noi se 1D COLRES i.gn oyers all the frequency . bands

uni fornly (FthHgﬂggt%gﬁﬁtékgsgégéggé?gpgggﬁgtgfomn%§y?¢ﬁﬁ%ﬁ%#é9%%'used to

characterize the tERPdfaRheletitgndihe e wapacitigrad meidnfror ¢éd by its

percei ved = ebgragéar sign8l by také n&cé&&r‘?’c‘”&fﬁégf@%é& éii.:l.sc%:j; s of 10 the
human audltgry apggratus known from psychoacousttcs. e steps applied to
the referenc® %?ﬁ al and to the degraded signal to take account of

psychoacoustics ar eriasiowiold @ thW ndawoRa 10k ilga 1t eppgialksi gl in bl ocks
and 1§5the@heﬁprfggcgagﬁogféc£?Jgé éﬁ é@ﬁégetfgCéééﬁé;ﬁkéguﬁggﬁted
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 acéount, 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 basilai

scale and non-linear addition. The final step uses a




by the signal using a hearing nodel. This representation of the signals
t akes account of psychoacoustic phenonena and supplies a Al E/ whose
counts are basilar conponent values. Thus only the audi bl e conponents of
20 the signal need to be taken into accafint, i.e. only the useful
information. Standard nodels nay be used to obtain this excitation:
attenuation he external an m ddle ear, integration in physical bands
and frequengg/)t”etr %kmﬁté.lo?hgot P%ﬁa\ﬁnghﬁs%?%g@ﬁsﬁ elBFd’é%E?OE‘Pﬁatel y 42 25
ms dur at i onmPged8ngoithesnah-48nkkir) frebgtbnay50dmeveilrapy ofhise agdi eves a
tenmporal regol ytj e q 2 Mbdeling entai]l]s a plurality of
steps. In t%g in pthtBE%:%% C?ﬁgggf’?éﬁu%{)?iﬁa?il??lérC%TP?JPI%H{E%ernal and
mddle 30 ear is*dgp i®nte tde Hyedtirsdiogreame olderigietdy aolket ahwed from t he
spect r ug of pbheogignaly JBEsobL4t eh @iéget§£§§se§CEQU&B%9{ng£babsol ut e
ele

hearing threshold. The concept of critical bands I's no y conversion
froma freqhEREGSSBEAFEO0AROBASH| hF2dearery THeaheks wiep al cul ates 35
individual exsitalzenshéoetaker 866060t thE SBSKEAGre PHENOIBNG qisi Y the
spr eadi ng f_gﬁﬁt%gn ic,n the basi%ar scal e and non-|jnear addition._ The final
step uses a Of y° 5008 O2BZPoneR - f uht? ot T0 BHEEEH 3 Lt raid ed
-l oudness fofonabsiel thgrateendratioeast f tieguengya Sensd timid Yo fvide ear by
-a hi stegram,c i Si ila o) ents.. The counts of the histogram
obt ai nie)g a?éé ?ﬁgﬁféﬂ%@%eéigga|%g(#y(c\)/%c§ﬁgér)€ad&%mt%%% RS0 obtain a
representation alldgea atcajvectiong stan tieyiesedotro fiviisgalthee lihetevol uti on
of the strustufiee ofnidie siLNals; andk formsynghrent zatd Tk msscog/rsagl yields a
sinple and , concise character]zation of the si gnaJl and thus provides 10 a
reference pat &hetiEre] Fredmrdc eFyast i fsar arfdsr )theTHeY® birsd hear i ous
strat egi es dampdrieitg twieid NidsreDint ey tHYA6s Chasses dd0Sivm a5t

into . .three areas of equal size. Thus the 109 basil ar

diVideﬁ5thqu.%gégréﬁiqg*ﬁﬂd

conporient s, “whi'ch TE€p BFBarks, may be separated at
IS, =36ie.z="-%36=7.92
. z 109 7 Barks (8)
. 24
182=73L&z=16§*73=16ﬂ73Bmks (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:

. 24,
IS;=9%iez=—%9=19828B :
, T arks {10)

. 24
25 ISZ=100L&Z=LRE*100=22018BmkS (11)

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

coordinates, conforming to the following equations:

30 X:CI/N+02/N

(12)
Y =C, /N #sin(z/3) (13)

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

frequencies (components above S,),




15 the followng indices: 24 is, =36 i.e. z 36 7.927 Barks (8) 109 24
1S2 = 73 i.e. z 73 = 16.073 Barks (9) 109 The second st rat’ddilyi20Res
account of the BEERENDS scaling areas. This corresponds to conpensation of
the 20 gain between the excitation of khe reference signal and that of the
signal under test by considering three areas in which the ear would
performthis same operation. Thus the limts set are as follows: is, =9
i e. z = 24 * 9.-Cz7 iggFhe Uy Bssogitegl wish Shesmpgdum e, z 100 =

22.018 Bar k<rebliencie8 Themboajet€lkoryolnSst heh $.8pr esented in a tri angl e
For each block three counts Cl, C2 and C3

known as the fre ency tri I
are obt ai ned, t hust vxocacg ﬁésjr%nt DR ot nat Wy, ol orftorfa g s ¢ he
fol |l owi ng eqbatcomsonéﬁtx CI/N+ C2/N (12) 2 Y C2 IN* sin(n/3) (13)

where Cg is the sp he,exgjtations for th gh . f equen I es
(conponents above ?ﬁnﬁ E%..fj f%_éﬁ%{%fﬁqq %ﬁ C2 is the
count associt&fBarait Hinfewnedi the EneqaénC|ESCQCOﬁpDhenteofdnmaEbsDo S2),

and N = C, #n@2y+:63ststhbest gt éha§981:8f_”1£ chﬁu&hSé of the conmponents. 5 A
poi nt (X, Y% is therefore gbtained for eac oral wi ndow of the si gnal .

 Each of the®tb8Farhavesyx CanébYa@6h§b|@®Ye%eat@ Ragferistic number.
Al ternativekhar&dtet2stnd f3mpaysbe taken as

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




characteristic nunbers. 10 For a conpl ete sequence, the associ ated
representation is therefore a trajectory paranetered by t i24duly22008hown i n
Figure 8. O the various nmethods available for synchronizing the
trajectories, the technique chosen by wa§ of exanple 15 is that based on
m nim zing the di stance between points on the trajectories. It is

i nportant to note at the cglculation of _the paraneter for the

L ! :
synchroni zati on ugggofﬁ PRSI EQREZa T bR MEL EoFDI B%2) butheratis Wi par amet er
may al so bepssed 20 poiest icoatrespbedguaki betakehhensi gnal . It nust
therefore l.cul d anpyway, .and.this_ is.therefore n n _additiona
| calculationqﬁgggcg?r?%g'ti%éwg¥ F&SCthRﬁé??§8ﬂ,(Eéggﬁ?a?bQ?ast?%e
cal cul at i on SPErgEPrideacet hiesweanahbeektwpstetfectedikocak| ypoihyzéadr the

recei ved 25ndirgirial o3t kg i |.Z th - to
synchroni ze nthersi ﬁals ?ghﬁﬁgggggt§§§E§¥?%%n??gfiﬁaﬂ?ﬁgggugff y of
br oadcast si gnal S gt Heedpdvechirnea tekantic grirametler not30 The

fol | owi ng exaspkd, i bbpstiatiey thetrasenebraaifelerensecinferf&h)cybich is

MPE&X coded gngegg%oded gt. 1§8hkbit[s, ielding a degraded file (R2). The
resynchroni Zatron i nt roBudedPs 8680 S atpPestnaRet B8R FEX1RFlnd is si x

wi ndows, i.eyn6htogdzztbdbddesanpl psrmItice@Sberene l44itys nmuch less than

the pefiod &;Qgé}eﬂén£h§%¥gﬁg£gggerg £iﬁopar%$§%$§%E$L qégitloa and 10b

~show the trajectories ore and after syhc July 2006 22
Bef or e syncRe6ATZEEr®n {Fegueecsdaly raevkuisomor, pai mif tthepoirtier of
correspondepgeshgbyesn the two trajectories. After synchronization (Figure
10b), the correspondence between the two trajectories is optimzed 5 in
terns of the di strgthelg&rli@c dijeon ther ordgdagiloranpp) is Mr éheebirded of

synchroni zat2oms s penersléy sehplaeeagdedis eapeci ald ynd fodhe wpcertainty
resultigg féﬁﬁ%éé%%ristic numbers available for the evaluation of
quality (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 Dbasic idea is 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 calcuiated 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. : -




procedure explained here is |less than the maxi mum synchronization error
pernmitted by the quality 10 measurenent paraneter. For noreldd Png
quality paranmeters, the necessary resolution ro is of the order of 32
sanples. In Figure 10a, the original range is of the order of 120 ns, i.e.
5760 sanples at 48 kHz. Using only the 15 characteristic nunbers avail able
for the evaluation of quality (every 1024 sanples, i.e. every A), a first
synchroni zati on B aadnddusigt odi ttheamagiddceainnhg ehd &6Z4ctanpl es, which

is better bynerbasten iy Hb&ouParfdred o 7&%@%@ é;(r%?é Gl Atd pn, pover

1y
dedi cated to very 20 _limted synchronization. , In a second step,
for exanpl e?PhdtReds fefudit AT oL HE2t Udlgsy gedradettéSs for the
second (degfacedihsi gigdaddd sin£nabl es the synchronization error to be
furthercreduced tq%cr sangiles, 25 if re%%i,red. Anot her _characteristic
paranet@r uses autoregresStve ‘Fol@ PRIt k8 SrgRaPIt¥ABIGRAEr ]
principl e ofh¢iresrdprediTtilon bist tiateronel tie Jgfalenas dscapbibrati on of
its past v h haslg id is to calculate the N coefficients of a
predicti ona#%%?gfbst%%%or egreg%ésel \E/%?ib (kgef Itorpaol}%en)l%rﬁ)e elcloﬁ&es}pﬁn 5 tﬁossi ble to
obtain a prief cletieugm Fhomatiauemlovei gndlimesiwigdon o faddperve filter.
The predictspse0r residual errors are calculated fromthe difference 35
bet ween. t hese t signals. The presence and the quantity of noise in a
si gnalt'tmay be det®Pni"REa°By Qhaf2Phdnentse CP@Ega%%r}tmoﬁuwezooes 23 The
magni t ude qfrddie-umadi fiidatdrons cand sdofietis hdritinadueed pRRy,ke cgsti mat ed by
conparing Hgﬁﬂﬁg§iﬂues obtai ned for the reference signal and those
cal cul at ed 'gm the degraded signal. 5 Because there is no benefit in
transmtting all —ofhet hBVEBSOBuRSRBINt hegbrithmaf ewlofch hes r@éecetisedj s to be

for example, in “Traitement numérique du signal - Théorie

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 Ny samples.
This autocorrelation is used fo solve the Yule-Walker

20 system_of equations 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




reduced, the reference to be transmtted corresponds to the nmaxinmum of the
resi dues over a tine w ndow of given size. 10 Two nethodszdﬂuhﬁﬁﬁﬁing t he

coefficients of the prediction filter are described hereinafter by way of

exanpl e: - The LEVI NSON-DURBI N al gorithpy which is described, for exanple,
in "Traitenment nunrique du signal - Thorie 15 et pratique” ["D gital

signal processing - Theory and practice"] by M BELLANGER, MASSQON, 1987,

pp. 393 to 3d5theTgradéenhi efakher inktpnaanesns nguediastieqeired, of the

autocorrel atjien @het Bgpssgpal souar a set of No sanples. This
autocorrelation is used to solvé the Yul e-\Wal ker 20 system of equations and

thus to obtain t RS GehtdeDiha v hewdihbadmed 1Gm ey the first N
val ues of thiefrawkacer betateanthungtkianciBy beghsedandhere MNe.gesi gnates

t he ord%r ofsit rﬁelal o%itgg% Iinae. t he gug‘ﬁer of COfffi Ci egts of the filter.
The maxi“mum predi ¢t ronYerror™@35™M Pt 5ifidl 39er &G hdowr R o™it s ng 1024
sanpl es. - Thaegwradident ol govetrhaizehiTchsi sehh snedescThdete faretde

above- ment i gaed,, M2 BEL éﬁ‘@ﬁ%aﬁ%h?é?ﬁ%@i%e stastlog gt bage 371.

SRS B oA
The mai n drawback of the preceding parane e hécessity, in the case
of a DSP 30SthRgfenBAAEYen, to store the No sanples in order to estinmate

the autocorrel atimiert Qe Witdh the 1 KR8I H,CieAs b ithe i ter, and

then to calculate, the resjdues, The second parafneter avoids this by using

anot hertYal g6PTPAM- B8N caPRut 3t e theStBRlYi crbriaoing H g ¥51ange nanel y

t he gradi enbeagerni then makimh diseshé heerersdre thad thas tHd&ed to update
the coeffi C§f§551 The coeffjcients of %hfffi | ter a%é’t‘%ﬁ Ified in the
direction 21 3Ufy’ 2006 AR tHet Y7 a8i Shtt Ot He ¥ t aneous quadratic
error, wth the Iopposi toe ssimga.r i\Ween tihe peesindties haveubaenoabt ai ned from

the di ffe:fpﬁcﬁﬁg\@een the predicted signal and the real 5 signal, only
the maxi mum of their absolute val ues over a
: 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 psychoacocoustic
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
~quality. 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-.




time window of given size T is retained. The reference vector to be
transnitted can therefore be reduced to a single nunber. Afdtaly2006

transm ssion foll owed by synchronization, 10 conparison consists in sinply
cal culating the distance between the nagima of the reference and the
degraded signal, for exanple using a difference method. Figure 5

summari zes the paraneter calculation principle: 15 The main advantage of
the two par afBEeFs Siedsifid vBity ofatbenbumesaryrf on teamsfefrfnggudmcy

reference. Thiisch)edugesntbasheferenpgntaspne real nunmber for 1024 signal
sanpl es. However,_no account is_taken of any psychoacoustic 20 nodel.

Anot her charact er T8%i tPpar SRt er e sS HiRdk eyt daedidd edrdve masg sofoft Ive
basi | ar excheatriiag. mbaetoberast taltheasiagdand hinear predistion nethod,

t hi s met-hod unt._of psychoacoust i henonena jn order. to obtain
an eval tt?ati géggﬁiﬁg%glglsvééf aaug\#?gﬁesﬁb?’et ﬁ?ﬁp&’ﬁ%%e{“"@%i%at i TF t he
paraneter enediflisipptel phgadnedr $8 hbasi ngypprocipbes. slhprarwvapresli ction
model s the gj I ; i [ i past__val ues. Anal ysis_of the
resi dues (or.bgragditg?i gﬁggrg?o?%dgg gé?géﬁr}:nﬁ ?ﬁ%g%él%%%%étel% ‘notse in a
signal and 1&sthABeeBreAeChdPBecoThbimhpuls dihmbagke ofetthesred wwahni ques is
that,Lheyttake?nee?égeﬁaé 9&:pf&fﬁ@ﬁ%@&ﬁ?&fthp%h@f?@&EQde&1%%qﬁé%%STROt
possi o esti e the quanti of noi se actual 'y  percei ved. e
et ho‘daﬁses t he ée‘nsé? %arﬁr icr%it&ee 24 cudedi@ay @1 ithégr ppredeteron and
addi ti onal Imoﬁ@legpaj;ehoa@ﬁugtlﬂaqwﬁzﬁ&gppé@?%ﬁ?@ ﬁr}g\e ?g@kgadatlca adapt tot t he
sensitiv 0 e, human ear in terns

ggnf;éALéhé@éa %?#§h§d%g%§in 5%2%%%£%?d%ﬁﬁ%§%§.c HeF$Het AR of the signa
i s nodifiedphbydhebhenofo@tficients. The final part 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 psychoacoustic phenomena and is
obtained from the spectrum of the signal, using the

25 standard form of modeling: attenuation 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;

- Autoregressive 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




heari ng nodel before calculating the linear prediction 5 cqefficients by
autoregressive (all pole) nodeling. The coefficients obt aihdBlyi2R08 i s way
‘provide a sinple way to nodel the signal taking account of

psychoacoustics. it is these predictionécoefficients that are sent and
used as a reference for conparison with the degraded signal. 10 The first
part of the calc%latign of this Earanﬁter nodel s psychoacoustic principles

usi ng the stARGEFE "h&4r FRYSAOGEIRY THE SEEBRASHErt lCarReF RS 3 near
predi ction ¢déteiredenpsct¥he powak.part conpares the prediction

coefficients cal t e ref.erence i |, and _t hose tained from
t he degraded si g;%{lr‘g r%%ﬁ&\g/aéfnosuosl%s]t%eqpsn&o? %ﬁf%%lﬁ&d P& Fh&fef ore as
follows: - FRHBLwPREoWRAgLLASthE shymahihgl tbeedobyfickimus aif an of an

i nternak regﬁ:@aget%homﬁekhgség% L%ﬁiﬁggﬂ—:gﬁgbpﬁygw QU ) ¢

phenomena. This step, 20 corresponds to e ca ation of the conpressed
| oudness, which ikt i¥s fha R@l@?@iqnatqq%ﬁw:t%a et ceastifdteed by the

signal . Thi sheepeeseshati 08cebrthe psi goat takese acsmpinti £fn RsyGhoacoustic
phenonena a,?ﬁ]eiﬁ ob%ai ned frg t he s%)e frumof_the sjgnal, using the 25
standard for iy of “ABAEPTHG: VSt ehtht F% bt heCoktet#Hatons i itk e ear,

i nt egr ati ondégrededi satnbanase tind sdmequensye maskd nfr tites istiapi0f the

cal cul agi on,i ' ica . 1 he el e e i bed ove; -

Aut or eg?ess?%/gc%%gﬁﬂﬁ% %???%ée&c%% essée%f?g%%%es%g in order to obtain
the coefficients -offdnRItA.ny ddicc desrribiratdon dyactllyudstingseandard
linear predicitce therya®t hod Uagd d.Ss thaty of n QULOROII RIALIRN Ay, ol ving
‘the Yule-Wal ker equations; the first step IE‘lor obtai ning the ~ prediction
coef fi ci ent's"® ¢ Her@edrel e tul dhify B AR et siecsionshe si gnal .

It is possidbeaimegatstl @ie tdeeRaiceiMmad rautiocoryelahianef g signal
el o LR S [ e st dn tsed By "R B Ton

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 gquality 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 cdnsisting of 5 or 10 values for

35 1024 signal samples (21 ms for an audio 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




filtered spectral power. One nethod of solving the Yul e-Wal ker system of

equations and thus of obtaining the coefficients of a 5 predPEt208H filter
uses the Levinson-Durbin algorithm It is the prediction coefficients that
constitute the reference vector to be gent to the conparison point. The
transforns used for the final calculations on the degraded signal are the
sane as are used for the initial 10 calculations applied to the reference
signal . - ESGORdtiAg pheadeeer fopmt tbe Byntantuphtihg digétstance between

_the vectors sfigpaisheroef exenpeeandnf £am cLhe deoraded sighals. This conpares
i e reference and for fhe transmtted

coefficient vectors_, ohtained for t

audi o 15 signal, endbt B?fglqr}h?%%? &t ot i IR IR PP BRI STERT to be

esti mat ed, @si ggven hpptbercaheinuvher cotffeoeéht€i ENOS0) The Hhgher this

nunber, ct he C Lcul atipns,.but the greater the bit rate
2y ot enr P ia gt PRnSPRY, EhcBhS ilitral TE oo o

necessary for transm erefe F&%hnces 20 may
be used to &é&apafermheycbptkei ehingacrt and. oftleogombht i ve slackofot he
coefficientgigpyibeat@kep into account, for exanple. The principle of the
met hod may be as sunmarized in the Figure 11 diagram 25 Mdeling

psychoacousti ¢ pherdiferf®Nitdlsds o7 Wisilmagde egnmpdnem arefhdhereef, N of t he
predi ction bbtaefedl Sb@Zapp Fyonyt HeseHETPONENE S, £ 3R JUACOL T el fon

coeffig'Pents are z:fng mat e tél/l 3&3? r}f :?_12 pr edi ct ison coeff] C|fents, of which
only 5to 10 are r A& e 9% e degFo P S3g et ECsr, IP6r exanpl e the
' fi rst 5to Qﬂampbéfimarhs.Apﬁhﬁcmim aghent Apel f Rq"li‘ SIAICDGQWT&I"BS’GJ S that
neceseary (o iner At He b RLER BT O i TR i once
consi sti ng ®FtEcgenal (il smeise forc@Si o 24 i givaim,s dpl eiss f 2Irarss foum,an audi o
signal sanplhgdr at raftSrdiit) nddai S {2 0, Pids It & e O 15 Kbit/s.
The characteristic paraneter P may generaciy ‘be Tany -- - -oo-- 21 July 2006
15 wavelet transform, etc.),
- 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,paﬁameters 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 cbtained 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.




27 magni tude obtained fromthe content of the digital signals, for
exanple, in the case of video signals: - the brightness of 2H8lYi2086e or of
an area thereof as given by the continuous coefficients F(0,0) of the 5
discrete cosine transformof the inage,2er any other transform by bl ocks,
| i near and orthogonal, by blocks or global, and/or - the contrast of the
i mge or of an area thereof, obtained by applying a Sobel filter, for
exanpl e, and/or 1p°-MeHeoAcidviRtaBROwI LY hexp heuifes amnalefi meke for exanpl e,

in the Appl ipeanties cappheabiced rPET i W0,89L 48736 gn,20dcgbbai ned by a
transformati &?Lc%oglioc Sth' near and orthogona? (discrete cosine transform

SPSPRCILESSr TPPANEF Sr HEPFRASKAFE PYankf oPaststEdt transform 15

Fourier tran
wavel et trawbborrfteetet)c numberayetageeafl bheailage, tRadsignihe, case of

audi o sisgnaks;: 5 = ar, - e spectral power _density as defined

in Fr en(?% %% %apé%t?gi\g%%ﬁ?%g??ggﬁﬁﬁ% %gﬁ 95@%P?gdgﬁ% ¢t dber )1/997,

and/ or one BfULRéipHrafeParsmgescsi bediabevemote wéliabkenoted that the

par anmet er Pstmayhbenid e nspt Ssi i cti it _is found
siayhbeni degr adedn hy Eﬁéd§g§éf P ?%&%ﬁg?g%%é é%gréévé

t hat synchrggl zation ma% be obtai ne the nmetho i AvVenti on at
“the |evel s 6FCdePEFT b 3L BRIYRYRT afYyCch epmbeait beedat ma tehosen skionl

networks. Asfaageunesadl &ndewiORCBeSYNEHLONELAL] OfhdidsePeSNnfcquired, the
~ net hod; gay Hgth'&%] tqgﬁ/eriég that it has been retained, in order to be
abl e to renmedy disturbances® 30 SucHYRSHHRLER 6 It BRFuptab L rYhanges of

bit streamrakd@angesh of diecodibrn #1Towireg Anskadesht ams red,stdhdard

desynchroni 2§ ng. 4 el [ |s, E S. The met hod described is
appl i cabl e V\hen_evgcfeyrlsatl}%%ﬁ&née%e%rian?é}q}oodssy%ﬂ’fm% TR ARG t'al  streans.
The met hod T8%145dds a first synchronization range that is sufficiently

narrow to allow bhe gaerabuibandapd itetlohi 8 f08,8YAghLoN; gaLthen et hods.

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 audio and

20 video data. To this end, video synéhronization 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.




21 July 2006 28 The nethod advant ageously exploits one or nore araneters
characteristic of the signals to be synchronized that arezﬂéblﬁe?é)gﬁt ed by
at least two characteristic nunbers, instead of all of the signals. 5 1n a
preferred embodi ment, the conbined use 6P a plurality of parameters
achieves nore reliable synchronization than the prior art techni ques.
Moreover, thejvention achieves synchronization at a chosen level of
accuracy and wth I ess conplexity than existing 10 nethods. This form of
synchr oni zath on* d&d ifred o fars verahernizange twict hiigidaiatboa attewhag

subsequent use:1ofr.158 andar dontiduie” caupghreni;zati gy, methods if hi gher
accuracy is required. One Earti cular application”of measuring equi pnment
15 for inplementiAg t AE"REERSAY0RE tHEVERVERERBR 1S fommaddy iafg thire qual ity

of signdl s dsld vergid Dy daudisevieawal sdi ghdak, sitgnalaskr eadcasti ng net wor ks.

The inventi Qvi.des sound and picture _synchronization for a data
streami nco(r?'gloa%lazfclocneg'rllés’utdico AN erfoeffpagésﬂiﬁ?afatT SEAF sOBhd A vBRber
synchroni zat(—iftﬁfacsiG_EIfJfSet_citCe@_fbyheatrcubatieng;a vi deo synchroni zation shift
and _audi o synchr oni 2g08ats.gtEeghed by gahoulating an pudig

[

synchroni zatj on shift. Nbreover, it is pos eterni ne | P2an of f set
between t he 'SGuifdAnd i Féepite¥euperesnRas: ceedirf2teHuES ot transhi ssi on by

conpar illg t heaval ues: oaf sthe twarshibbssthor pexanpt rs 2, Jul ¥, 2006, £ 29

CLAIMS 1. ,g\tmitegos fw synchroni zi ng ’tﬁwo dl,%lta| data streans wth the
A EriEr BPiHgS ab? AT SPMRErY&l $F or each

sane contenf, charactéri zéd<By 85 g
of the 5 twbedisgireaim datencsttheapei8l samd §2ratspeastingwoo tharacteristic

e SAPLE IO H et o0 RaoTRL £ RASLRFLSS 1Sy ot IeLEy pont et
Crajectories representative of the data streams S; and S,
15 to be synchronized;
¢} shifting the time periods of duration T assigned
to the digital data streams S; and $» relative to each
other by calculating a criterion of superposition of said
trajectories having an optimum value representing the
20 required synchronization;
d} choecsing the shift between the time periods
corresponding to said optimum value as a value

representative of the synchronization.

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

calculated in the receiver.

3. A method according to either claim 1 or claim 2,
~ . characterized in that the step ¢) entails:
© 35 cl) 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




for each of the two streans S1 and S2 representing at 10 | east one of said
characteristic paraneters in a space of at |east two di meridilghs0

points D1 corresponding to the stream S, and the points D2 correspondlng
to the stream S2 being situated in a tiBfle period T and defi ni ng
trajectories representative of the data streans S1 and S2 15 to be

synchroni zed; shift time periods_of duration | assigned to the
digital dataS ﬁgreée?ﬁr}:egl bg(n&?’gszépaﬁ Ve Pelenghdoiher -l cid®fting a
criterion ofrestiper pdsiduiratioh $ai daitir dietkarked haMbograniept saum val ue

representln%u% %p%%ltg%%lgggt%¥nchronl ation; d) choosing the shift between
the tinme peri correspon RCHEY & opti mum val ue as a val ue

representative ofC{t’heSlsyflthmg)rwezmilf)nrsQSaﬁd e ot odimse qardiany taf ¢l ai m 1,
CharaCt%r'Z@@rb%lbﬁa@ 2ne+9f .t bg ghght@khgétaggiiegnﬁlﬁ%mgmrsgfugnce

stream S1, .the other data streamis a st erve

transm ssi onSsyPPtemedhéoruiber §1ehanaet br thetcconstheutesf saddce stream Sl
are transm bbedmuherewm,th, and the 30 nunbers characteristic of the
received stream S2 are calculated in the receiver. 3. A nmethod according
to either claim1 or claim2, <characterized in that the step c) entails:

35 cl) calcalaﬂlmgthodlatancdlﬁgbebweealﬁ BirshardcoéeCciod yids egigsent ed by

t he poikpts i erlod 0 uratjon T and,a second
trajec?gry g% Fgeghgg b r%%r%se%% %Fby ?ﬁ%np%%nqg Eél%%ﬁ%ﬁ g to a
second t|nebebéﬁﬁbdcorraapandongTposatd di,stianocé Eheonﬁbltutlng sai d
superp05|t|@9a§éb£g£hgg and c2). shifting said first and second tine

peri ods of duration T relative to each other until a ninimumvalue is
obt ai ned for the di stance D that constitutes said optinmmvalue. A nmethod

according t®, CAa:h@tBodCQ@é@ﬁélﬁﬁcy zed tnaihal, d0tdedistancs, Qs an

arith i cC nean t he di stances d
nfg said glstance 3 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 correlation function between
corresponding points D;, 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
c2) shifting said first and second time periods of
35 duration T relative to each other until a minimum value
- 1s obtained for the differences between the values of

angles obtained for homologous segments of the two




bet ween corresponding points DI, D2 of the two trajectories. A net hod
according to claim4, characterized in that 15 said dlstaﬁéémdzﬁﬁémeen t he
points is a Euclidean distance. 6. A nethod according to either claiml or
cl.aim?2, characterized in that the stepic) entails: 20 cl) calculating a
correlation function between corresponding points DI, D2 of the two
trajectories, said correlation function constltut|ng sai d superposition
criterion; A&R@IESEOosARFti figisardimpat vahveseonaditihengesiods of 25
duration T oglatuwevhQueach other until a mninmumvalue of the correlation
function is obtained that constitutes said optinumvalue. 7. A nethod
according to either claiml1l or claim?2, 30 characterized in that the step
c) entails: 8¢l p menuert angoeddhgt £aj ecthey &£DhOmalseri 8520f 2angl es between
successizve Lined oLnts on_ t ctory; and c2) shifting
said first %ﬁggggggﬁggtlne %nggﬂgfsg§8 ﬁgrﬁ?ﬁa%f? rel ative to each ot her
until a mnimum v@élhecom‘seloibira@n@daftmo tthea i dtf e ieng eisn the tanveseat itelze owal ues

of angles gbtainedi:Le 0 s.of the twocr--z------- 21 July
2006 31 trajectorlgs Eegeganlglggﬁggg géc%%éTé€ |§8fl%?% b36pt|rrumvalue.
8. A net hodPaéRbPdPRgSE&det FABECEPAIAPL bhe ctatal 21nt5r@¢@wttaemqed in

that the St@@n@ileﬁt@h Ssaﬁh)sﬁﬁ@¥§6éi£@bﬁrE%£ﬂEE$&ﬁle&ﬂ@r'es into a series
of aregs |nterce y_.succe S|ve segnments defined by points on said

trajectories, otsé'flqtrftrtq dd M eeTicsiRsaf duntgion d $eperpusi ti on
criterion; aodeaﬁhcaﬁhshlﬁmtﬂg &heihimen peiiwsdsi of owlts ahéono T Jalative to
each ot her al ue i s .obtai ned of sai t ot al |ntercepted
ar ea, mhlchyﬁﬁain€%£%€+%%€é%n%f??Ut%% ch minimum value constitute

said coptimum value.

15 9. A method according to any preceding claim,
characterized in that one of said given intervals is
equal to A for one of the data streams $; 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 S1 and equal to r < A:for the other data stream S,.

11. 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
Vfilter representative of the attenuation of the inner and
'35  middle ear to obtain a filtered spectral density:
b) calculating individual excitations from the

flltered spectral density using the frequency spreading




said opti mumvalue. 15 9. A nethod according to any precedin% cl ai m
characterized in that one of said given intervals is equal2lt/8ly2008r one of
the data streans S, and equal to r < A for the other data stream S2 20 10.
A nmet hod according to any preceding claB® characterized in that it
effects a first synchronization by choosing the sanme given interval A for
the two dat streang and then a second synchronization for which the

gi ven inter3§PCF§°§q&§l Refdlagngcaiethe data streans 25 S, and equal
tor < A for the ol h@etdahdnshg edtie Sorldre £s 8@t hoOgLBESOr T dig 0 ANy
precedi ng cl.ai . characterized in that th eneratio f said
characteris%ﬁggﬁ&ﬁggﬁseﬁgﬁtg%ﬁgpgrgﬁ&ggaﬁd$8g8598nsPPgﬁﬂf§% %%% P~ a
transmittedlanges daegushcyamevenpivsey thethkokhow hg sbepsn a)

calcula@jngbgg&lggcQoh&g%ewk@doPhBhe spectral power density of the audio
streamand appiying to it a filter representative of the attenuation of

the inner and 35 i d¥fR2Baring m dHarialdy | caneenepettitdio densiasgses,b)

cal cul ati ngwhagevhdual mexei talkeenshihomhbhgunbiht SEedugpsciifbi density
usi ng the freguen %.sgreadln 21 Julg 2006 32 function in the basilar

scal e; c) d&t &MAFnI"AGoPHe eBHpPESSREPOYdRRES FRERPSsEL#SSERdi ¥ dual
-excitationscastnjaaihgnébirosaghdel hpg &heumpsr ti peprebegbUENCYhSENsitivity
of the,gar, t a i.lar_conponents;.,and d), separating ihe basilar
conpoh%ﬁts ?% o8§ g %sgggaaeh &re %PiQh%%cﬁl?ﬁﬁer%?ﬁﬁga?%%p%dﬁb ©bf audio
sanpl es i n nachapechendewicandnpess ecabsystnto ofireenchiasses,ocand <

cal cul ating,fof,gac - b Nk | f~the
frequenciesnof %hatbgfggg?cﬁﬂere g%ﬂééﬁ%%%ﬁ%& Ef%ﬁa%%%?é&#s |é§ﬁ%hbers
consisting of a nunber Cor n < characteristic nunbers generated from

sai d numbers2C.a ﬂ@théd@&@@gdﬁi@?%@ié}gytfg’ré‘é‘é(d}?ﬁ@c@%ﬂg, claim 15
CharacigrlZggaégcégg{zégei eggég'éﬁglégnézéifgﬁcégréSéﬂé}acteristic
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




nunber for a reference audio data streamand for a transmtted audi o data
stream conprises the following steps: a) calculating N codlfilyi28f®s of a
prediction filter 20 by autoregressive nodeling; and b) determining in
each tinme wi ndow t he maxi num val ue of the residue as the difference
between the signal predicted by nmeans of the prediction filter and the
audio signal, said maxi mum prediction residue value 25 constituting one of
sai d char acEEERSENEY nBRbERYiNg 18unAt fren hid Blee drals hppt os@le pr ecedi ng

claim characterdzedhddidha dhe &ﬁwﬁéeﬁﬂ lQ)fu I fGhar aghigristic

nunbers for . a refgrence audio, data stream 3 or a transmtted audio
data streanmBOMpLidas ?ﬁ%lt?5+?%ﬁﬁH@l%geﬁsfu%ﬁtkﬁﬂcﬂﬁ@ﬂl#ﬁﬂfﬁh@éHEh‘t|ne

wi ndow the 3prearafrepovetydeassiyioftyher ateh a5t eanach appl ying to it a
filter reprgse iatlve of the attenuation of the inner and 35 mddle ear to

obtain a frequen y %%IP%%%?%B function in the basilar scale; b) cal cul ati ng
i ndi vi dual excit at)i arsldulahithe 2om) Way P0G 1133 heguwarey sspr eadi ng

functi on | ek be, bastl atoseal &ion€) QPLALLLG LIE, copy ssoed, | oudness from

said individu excitations usin i D Yon- 1inear
frequency s%%%@lﬁﬁi%@%/sb‘f'etm@%bmg{ oawbt ai n 5 basilar conponents; d)

cal cul ating fromeﬁa'g‘énlé@s%'th%r GRMeReh!t n@ chBYS& E%Ekgﬁlﬁoﬁﬁﬁbgkeﬁé§ of a

predic ¢on filter <% aut or egressi ve nodel i ng; generating at | east
one chafact®&FFatiLm JFFH&% ronica%a]fﬁ\a%ﬁ @%Qﬁjdwq rl\bmpdfteq%{onone of the
N predictioneftoefdited ents. 14. A nethod according to claim 13,
characterized in that the characteristic nunbers consist of 1 to 10 of
said 15 prediction coefficients and preferably 2 to 5 of said
coefficient. A method according to claim 13, characterized in that

the characteristic numbers consist of 1 to 10 of said
15 prediction coefficients 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 audioc 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,




15. A method according to any preceding claim characterized jn that one
characteristic nunber is the 20 instantaneous power of anzédﬂbgmgﬁgnal

16. A method according to any preceding claim characterized in that one
characteristic nunber is the spectral péwer density of an audio signal. 25
17. A method according to any preceding claim characterized in that one
characterist%p nunber, is the bandw dth of an audio signal. 30 18. A nethod
according t& gﬁﬁcﬁFgééﬁgndnchﬁﬁlOn@h&?éé?@F?%éﬁtiﬁ PRAPeBnéScha® act eri stic
number is tltenteesti nfioas deekti ehentireh theahr amsfer paibaniky ol i near

and orthogonal S f at | east one portion of an imge belonging to
the data st?ggnpgggigegggﬁéfornation 35 being effected by bl ocks or

globally. 19. A nethod according to any preceding claim 21 July 2006 34
charactef i 2ed 1 B kB8hoQN8cERRNAGLEERSLLG DUIDEL S Lhgscoptiast of at
bel on to e data°s

| east one area of an_ inage i ng . reanf 5 20. A method
accordi ng t 618R§ChRELEEF NG CcERAM onehahataer¢rbetin niabennes chag act eri sti c

~nunber i s tBpatspatbal tempbeAporatiactivhEyaof1 &t egst 9Re, asea,pf an

i mge. 10 21. A nethod according to any preceding claim characterized in
that one chafd€feristic nunber is the average brightness of at |east one
area of an image. 22. A nethod according to any preceding claim 15

charactgriz i i i and D2 are generated from at |east
t wo charactg?isgi%ggg?gﬁ% %?gaféi.gg\%%¥ﬂ%aﬂﬁ%§8? i TPt ¢l ai m 22,
charact eri zé@aractdmizedain cthat acterdisd fac parianet @ nsumser allitthepar amet er s.

20 24. A nefPofs @CCoF diing,d 95 ¢l Al Zl?eaé:@acfr?ema %eodei%Eﬂg%ge'sai d

characteristic paraneters are video paraneters. ne according to
any preceding claim
' 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 D; and D, associated 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




25 characterized in that, the data stream conprises video gata ang audi o
data and the nethod effects firstly video synchronization2 44 @0g points
D, and D2 associated with at |east one characteristic video paraneter
corresponding to said video stream and3Secondly audi o synchroni zati on 30
based on points D'l and D'2 associated wth at | east one characteristic
audi o paraneter corresponding to said audio stream 26. A nethod according
to claim25’* ﬁgraEfﬁﬁgzéadi ofnphfie 38dip FhHEPHMes a step of det ernining

t he synchroni zation shift between the video stream and the audi o stream as
the difference between said shifts determined for the 21 July 2006 35
video stream and for the audi o stream




