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CODEC FIELD OF THE | NVENTI ON 166166 5 The present invention genera @F
rélates to the field of coding and decoding synthesized speech and, nore
particularly, to an adaptive multi-rate w deband speech codegMM““ Pl T
OF THE | NVENTI ON Many net hods of codi ng speech today are bas
predictive (LP) coding, 10 which extracts perceptually signifi Cafdses

features of a speech siHIGH FREQUENCY ENHANC MEARER rather than from
S
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a frequency spectra of tOODINGEEN WIN , called a channel
vocoder or what is called a formant vl‘g'?o'%lgr) J)ajFﬁg a speech :

mveformFlELD‘d)F%‘H]?@:ﬁiﬂ‘i‘oﬁ-P anal ysis) to determ ne a tinme-varying nodel

of the voca rac ' i “that caused the speech signal, and also a

transf er functTherprestndizestésn genbrafly r8l6RE Yd 148 flefd §F @lin%aﬁlcf J‘eﬁéﬁiﬁe the coded
e origl

speech si 9n§I .1 s tel econmuni cated) then recreates §peech usi ng
a synt hesV3Uesigadyspepeh and, morgparticulgnly, fte s slaptivatmyldaa®sidBBan@spbdchldobo,
through a paraneterized systemthat nodels the vocal tract. The paraneters
of the vocal tract nodel and the excitation of the nodel are both

peri odi cBAEK t OF THIRPYVERTSGKT espondi ng changes that occurred in
the speaker ag the speaker produce he speech signal. Between updates, _
i .e. during aﬁ‘glaans ds of endlingspeccit todasadre bhsndamh,lixkﬁlepleéi%ﬁ{'é‘{ﬂ]?éo@ﬂn

par gret ers; re. held constant, and so the process éxecuted by
t he r?r‘gdelva‘.‘ésﬂe ?tr? ae?éeﬁmy Pl eatres o aspeephesignabdisedtly frerdiarinend

decodi ng waveforini rhite than FoHt £ e I odes using LP coding

to generaje speech, the decﬁ(?g?&r?gggé&gﬁg)fg%ﬁ(rée%hoﬁwaa&%sd@es F’e‘gcﬁﬁ s: a
L .

{i tch pefigihel YoooHer encehatas ¢abied adormint vocodar)gdh L odind! a 8pekeRMATERHA

coeffi ci %"%ﬂa‘ﬁéég’” SRR o& cs,. the nature of the excitation, 1.e.

whether it is voic %‘Pyﬁmgq éﬂ?“‘?esagp?o"a&“ﬂ%%@@ ofihie vpeal tratt exsitatidd y

needed i that emsed thesspedhosidiiatisad GREG tﬁfnﬁfe}ﬁﬂlchbﬂeﬁr e@&&edi clive . (ACELR)

codec, for exanple. 'LP coding is predictive int Ject ré&‘e%“‘]ﬁ?’@ edermgpal
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(during g 5 ' Lnteryal ) ta I ch the paraneters are applied; in
a process S%lgﬁﬁéiré\r/\g%g lpg{g?ﬁ%g ?‘X,rf'.y %‘ﬁs@atgg@aﬁ?-@s dhriexeitation thiewsiui pagaeteribet
used to dysgem diat modelrtheveal 8a&PaRe BaI‘Mﬁe'fbrﬁof the vocal tract model and the excitation

of the model are both periodically updated to adapt to corresponding changes that occurred in

the speaker as the speaker produced the speech signal. Between updates, i.e. during any

20 specification interval, however, the excitation and parameters of the system are held constant
>

and so the process executed by the model is a linear time-invariant process. The overall

. coding and decoding (distributed) system is called a codec.

lamnN
: )

Ina codec using LP coding to generate speech, the decoder needs the coder to provide
three inputs: a pitch period if the excitation is voiced, a gain factor and predictor coefficients.
25 (In some codecs, the nature of the excitation, i.e. whether it is voiced or unvoiced, is also
provided, but is not normally needed in case of an Algebraic Code Excited Linear Predictive
(ACELP) codec, for example. LP coding is predictive in that it uses prediction parameters
based on the actual input segments of the speech waveform (during a specification interval) to

which the parameters are applied, in a process of forward estimation.

30 Basic LP coding and decoding can be used to digitally communicate speech with a
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0 4 MAR 2005 relatively low data rate, but it produces synthetic soundi ng
speech because of its using a very sinple system of excitation Q‘, Y 2005
so-cal | ed Code Excited Linear Predictive (CELP) codec is an enha J@N‘
excitation codec. It is based on "residual" encoding. The nodeling of the
vocal t reetdtiviely Tow data rate, bfit it peidueés dynthetic SouttdhnesRacobEiagsSofitcugmeded in
the 5 conpressed speech. These filters are driven, i.e. "excited," by a

si gnal t WY SHBRIE sxdeme @mtauon-bﬁmeﬁueéﬁodﬁ@xsﬁ@w!&hr Rrsdiskive (GELBY al
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encodes bfithevesaldtast isdm tbrms o8 digitabfiltérs hawbSpiramericCare @hided ih fhehat i s
known as "residual pulse .excitation."” However, instead of encoding the

resi Bual CHEREFSAsReesh. dhese Bliarpate dsivendrgy 'excied. by acimml that sepaessutsdhor m

to T epr YR it bR BeakiEh FE@L RERe Al 46 S0P oGRSk iniey ¢ he
coder anbriyiny) sirko ket SighAId e dighhinPfiliéiea aﬁ@ie_%.pééblﬁ sigfagRIcpfp sel ect

a residual sequence to represent the original residual sanples. According
to the Ngefliconcedesshevesidualapd ases it pyymhasisifor exeitationpini whatisksowsasan i s

(coder - oRdbHIME A, HoRlBer, bboda o oo O Kol SiyBRARg opct o 1 <

| ncreas e garfiplesByssaltiple basisa CBLPIRES & wahefoRf eshplafeieRRY BRA Apteddibatintd
frequenci es can be represented. Today, the sanpling rate of the speech

si gnal i setpfavaveiprm trmplatasin ordshiq xepresentaiveck eftrasidualsavples. ecodewiedel oped |

that wil ' t f . Kbz, A di th | St

t hoor em - 8GREnEPln: Mad Ahd pfviden s oB5RE, WG b hotR 1Y FRleYand foncy
band 0- 8s¥bizt.a redidgal s8qidneehosepRE¢ht ke éﬁgﬁaﬁéﬁ&ﬁl%ﬁh%!é@.mni cation by a
transmtter, and then decoded by a receiver. Speech codi ng of speech

sanpl ed usi ngA¢cemting tofhe Nageisidhearemy pispéesh signplewith wisampling ratp Fecim codi ng.

! horgas o tertERt §tea ity Bin RGBT s NRRAR, mich! Witel Bk Lottt odi ng
conpl exi dycaiefs) Qyes sanhplinparaet fSUID:) i thedalipling hate ¢ RlofoasPHbR®B KQFP! exity

is often a limting factor in _ determning an algorithmfor w deband speech
codi ng. TAtugalness of preerh proves kecansgrhighex fiegnenciagioan basenresentes Hodeye

stati ons gyhehe R YAE of HEIERY sPfhal ?s\{ﬂhillﬁpé EHQ,rlgﬁﬁésbiiﬂgwlephone stations are
being developed that will use a sampling rate of 16 kHz. According to the Nyquist
20  theorem, a sampling rate of 16 kHz can represent speech in the frequency band 0-8 kHz.
The sampled speech is then coded for communication by a transmitter, and then decoded

by a receiver. Speech coding of speech sampled using a sampling rate of 16 kHz is called
( - wideband speech coding.
When the sampling rate of speech is increased, coding complexity also increases.

25 With some algorithms, as the sampling rate increases, coding complexity can even
increase exponentially. Therefore, coding complexity is often a limiting factor in
determining an algorithm for wideband speech coding, This is especially true, for
example, with mobile telephone stations where power consumption, available processing
power, and memory requirements critically affect the applicability of algorithms.

30 In the prior-art wideband codec, as shown in Figure 1, a pre-processing stage is
used to low-pass filter and down-sample the input speech signal from the original
sampling frequency of 16 kHz to 12.8kHz. The down-sampled signal is then decimated
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power,, and nmenory requirenents critically affect the appl BchdfiAR t30Mas
algorithns. 30 In the prior-art w deband codec, as shown in Figure 1, a
pre-processing stage is used to |lowpass filter and down sanple the input
speech signal fromthe original sanmpling frequency of 16 kHz to 12. 8kHz.

The down- sethhiaHe ﬁﬁlﬂﬁﬁd ofisim| %ﬁgﬁ?&ﬂ&ﬁﬁz&ng éﬁ%@ﬁ?i&g@ga%ﬁg&t phde nunber

of sanples of 320 within a period are reduc
down- sanp| devrasrinpled anhdevimatied sizhal, withrnasifeefiteftdusacy bAKHATRYofPRHY dt h of

0to 6.4 g@‘z I S gn oded usi ng .an Anal ysi s-b%/- nthesis (A-b-S) loop to

extract LPEZMERR gﬁﬂﬁm%%iﬂmléﬁym&ﬁs,- opto extrachIP(E,ipiteh ahdit 0 an
ded bi ' . i yi d,f decodi ng.

T the. A porGpaRRrR, FAARYER iRl Pipte bl EndoBEq bif oiEheE 1o b Fousibiea e and

i nt er pol attbelreceivimgpend for devodiyign 3h tEasIb-8 1661S QSeALY : j
o e SR i%ﬁ%@@%ﬁ%%g‘gnd

. , the f Yy band of 6.4 kHz

Codec gertth 2rNel aGbiARIAted tomortihe ongel sampieequonoy avdier teckrcading o ¢ he
d [ | t is filteri i bed

ol ow 10 Trgccth the EblenB bR 2 ik 8 K2 bsontany. The Padundpotpon

Sqr t [ { exc Renprates ol fisisd o0 td ey Sdheohratfieird AGH theERESA Hofho Wt

random noi.se and ‘exc(n) denotes the LPC excitation. superscript T
denot es t H'G paAmstssebsynthasisdiltsring ak dessribbd belowndom noi se is filtered

usi Ngy ot he col o : s . fiJter and-a 6.0 - 7.0 kHz band pass
filter. This cgf'%ér}g‘a‘!’daﬁ?f‘éﬁ-gwﬁéﬁféf?&cﬁﬁ 18nt is further scaled using the
I nformati on about the spectral tilt of the synthesized signal. The
spectral tilt is estimted b} cglculating, the first autocorrelation
€oefficient, r, usirfyadeh satlfeosiilgre@ile () e(@fets r = {sT(i) 6))
S(i-2)}/{sT(i) s(i)}(2) where s(i) is the synthesized speech signal.
Accordingly, the estimated gain fit is determned from3) felt =1.0r with
the [init avhevee@) présehls the fanBomMoisehfd ee6R) dédeesTRE T Pef d:@ftatidle BRY ©

decodj ng process, Tt he synthesized signal is
15 “superscript T denotes the transpose of a vector. The scaled random noise is filtered using
the coloring LPC synthesis filter and a 6.0 - 7.0 kHz band pass filter. This colored, high-
frequency component is further scaled using the information about the spectral tilt of the

synthesized signal. The spectral tilt is estimated by calculating the first autocorrelation

coefficient, 7, using the following equation:

20
r={s'() sG-D}{s"0) s} | | 2)
( } where s(7) is the synthesized speech signal. Accordingly, the estimated gain fo is
determined from
25

Sest=1.0-r 3)

with the limitation 0.2< fee < 1.0.
At the receiving end, after the core decoding process, the synthesized signal is
30 further post-processed to generate the actual output by up-sampling the signal to meet the
input signal sampling frequency. Because the high frequency noise level is estimated
based on the LPC parameters obtained from the lower frequency band and the spectral tilt
3



30 further post-processed to generate the actual output % up-sanpling the
signal to neet the input signal sanpling frequency. Bec ée Aﬁiezggggh
frequency noise level is estimted based on the LPC paraneters obtained
fromthe | ower frequency band and the spectral tilt 3 -8 4 MAR 2005 of the

synt hesi zeftifei synthesizéd éigidl the B6a1 A YoRrindb e faﬂﬁolh;ﬂ%?%@aﬂ Bk SaredduPe

carried out . in the encoder end or the decoder end. | e prior-art codec,
the high fnthgsaseder end erthesleodderendst i mat ed based on the base | ayer signal

| evel and spec tilt. sygh, . hi gh frequency conponents in the s

synt hesi zed si gl@*e Brjor-ary ‘fﬁl@?’gﬁe Q\é{ﬁewﬁ%}m Vad%%mévgbase@eg theot

cor r esponagetaidrai 1e9bl d gl L6 ' -8..0 kHz .
frequency ?atg?é. %%glsal tgiélﬁ%ﬁ%tfdlgrﬁf Agog‘élg%ﬁggﬁﬁjgﬁ%{?g\?bggmgmﬁ%%ﬁg%]ual ity
synt hEsi z 8yntbesized signal arediltetedawag dersceatin nbéssilevad dees iot oRvVIpdad & et hod

and a systgtrgnpgﬁgat?#.e f grovidi n aéﬂ %29 ality synthesized signal taking
into cons® B signal char ‘Efﬁq‘sqcﬁﬁ‘gfhe & gﬁaﬁeemxmi Jthng dhe prienast hi gh
frequency codétdRes W‘,ﬂg at}ﬁglhﬁmg.ggwggi%e ié%gln‘pri mary objective of the

present invention to inprove the t hesi zed speech in a

di stributed spdisiadyantageons aml dositablnto Proddedjmetidduadaaystem dapalile bf eved by
using the in‘{f t signal characteristics of,the high frequency conponents in
the origPRadBga %‘f%‘%ﬁmmﬁﬁ? stgngl Intojqqnsideration theyactuahtmput f or

examnmpbe, g&ngpghgfmégﬁﬁggr:ﬁhthé |inﬁg;a{“hgwhﬁhﬁ§f a colored, high-pass filtered

artificial 'signal I n synthesi I'gier frequency conponents of the
synt hesi zed speech during active speech periods. During non-active speech

periods, the scal'i. factpor can be determ ned by the | ower frequency 20 -
gonponent M@—@mw speech signal. Accordingly, the first aspect : .
of the present 1{ig4&pin \ : ' e i ng and

! i) obfecfivd'st MR GrRnREEHInGS Hulfove 10 o GREPTH

decodi ng an input sig havi ng actrve spee periods a Ive
speech pesynshesizedrspedobrinprdistiibuted speeshiprocessing systame eThisobfeabe bavtie'd hi gher
freq;gncya C.0 nents t%gd | Qwer rea?uenc A con&onents, wherein the input
signal is SRSYHRY YSinethy eyt signalcharact % 0f thg huehufienuengiepompanguts i theband
I n encodi Bgigals e b 44 ' | l,.at ed
par anot er o Ehar Separ aguA UKD 16 7 108 RCARDEPrle, B Eule 8 BFEpE Bt o
an artifi ecalingdhgioref 4 enlonsdvightipass filteret agifivial Signql iarsyithesicing i f the

synt hesi z eech signal ..The t hod, conprises the steps of: scaling the
pr ocessed %%ﬁﬁ%%%’lmg‘r’gﬁ 3?&%85'&&851?‘?4 ﬁeg&: Yrngpchye serechpetiofdy. OVsingct i ve
- non-active speech periods, the scaling factor can be determined by the lower frequency

20 components of the synthesized speech signal.

Accordingly, the first aspect of the present invention is a method of speech coding
for encoding and decoding an input signal having active speech periods and non-active A
( . speech periods, and for providing a synthesized speech signal having higher frequency )
' components and lower frequency components, wherein the input signal is divided into a
25 higher frequency band and lower frequency band in encoding and speech synthesizing
processes and wherein speech related parameters characteristic of the lower frequency
band are used to process an artificial signal for providing the higher frequency
components of the synthesized speech signal. The method comprises the steps of:
scaling the processed artificial signal'with a first scaling factor during the active
30  speech periods, and
scaling the processed artificial signal with a second scaling factor during the non-
active speech periods, wherein the first scaling factor is characteristic of the higher
4



30 speech periods, and scaling the processed artificial sigd}ﬁ MﬂRhﬂm :
second scaling factor during the non- active speech periods, wherei She
first scaling factor is characteristic of the higher 4 .0 4 MAR 2005
frequency band of the input signal, and the second scaling factor is

characteri gt f r o frequ co nents of the synthesized
speech. Pr g?%‘%ggbf ?/Hzf%feﬂ"?ﬁ%llﬁt ngﬁ %h%lmz%g SHIOBRS @%@?fﬂ scharaptgrstic oftheli ng a
filtered slogrealfrequensy companentsyf thaRgRthediasdapbsshl stic of the higher
frequency conpopents of the synthesized s speech, wherein the first scaling

factor is estinbiekqablyothedpputiignekis highspags filteredrfdr plowidingna filkéred sighs! in a

non- act i i ods incl h.. h i ods_and confort noi
er ods. ¢ FEREREYhBE bR TS RRRE heefSy Corabaien o8 Giecnthenred af
signal sin tpeects miRedin tRARMSONANNP BictddS edtinAsd 'frfaﬁttﬁe' filt %@g‘gsigt‘aglé Eid &;ﬁ&%gne g

signal. Preferably, the second scaling factor for sca pr oces
artifici al Whenythgmon-egtivespesgh periodsinelude spergfohmpoparpenidds aml cnsortewidenat ed

fromthe | f co nepts qf the synthesi zed speech, and the

second scaﬁ%eﬁogs’ftégg%ﬁﬂﬁé?alﬁ? ’éoﬁ'ﬁﬁﬁ%rtg‘&ﬁ@gﬁﬁe ?‘fq%ﬂaé signaldn thespeech i ng

t he conf Orhaﬂgﬁi’ﬁ‘%wﬁ@ﬂéch'ﬁﬁin%teﬂsﬁdrﬂﬁidagltér&gffgﬁﬂ? | ower frequency conponents
a

of the synthesized speech signal. Prefer , the first scaling factor is
encoded and t r afeefrebldtheisedond scalingfactor font scalimghthe pricessedmdtidicRl 5igaall Vi ng

d h i ng_factor, f.or, the, h h i is al
A O T RN o AN R B
factor forcapseehtshitgoyatheared ep&ch,%nggﬁéafég%&&%uhng{%cg&@%ﬁﬂ%{ﬁ% end.

Preferably, the second scaling factor 0 estl om a spectral
(i1t fact ofrocesgedyartificiyl signalidusingthecomfoet ndisequuieds is cstinpateddivns theflowbe

synt hesi ze r he. fi,rst scaling factor is further
esti mat ed ?ﬁ%@%&%@é@sﬁ%ﬁ%@?&egfpw ﬁ@%?lf The second aspect of the
present invent i Preférsblg, the Gegticaingbtol fsébﬁamédtﬁa_u%ﬂ&lnit{eﬁgﬁhﬂﬁﬁleo%égéfe%f ond

encodi ng algld decodi ng an, input signal having active spee peri

non- aé% i velibHEaahtopaiereiyingamd and thesesondisoating fajortfoetie spebch hagoivesi gnal
havi ng hi e apgnent s d, |l ower frequency conponents, wherein
t he i nput |é)rcliélFseﬁébsﬂg?ﬁgg(ggrgﬁﬂerﬁ%o%%m‘tgﬁﬁmrequency band and a | ower

frequency band X is pdssibianbaciheGectnd scARRAEES FRPERh TR PGRASES: Wherein
speech rel ated ,paraneters, characteristic of the
-gctennmed in the receiving end.

Preferably, the second scaling factor is also estimated from a spectral tilt factor
20 determined from the lower frequency components of the synthesized speech.
Preferably, the first scaling factor is further estimated from the processed artificial
signal,
( The second aspect of the present invention is a speech signal transmitter and
receiver system for encoding and decoding an input signal having active speech periods
25 and non-active speech periods and for providing a synthesized speech signal having
higher frequency components and lower frequency components, wherein the input signal
is divided into a higher frequency band and a lower frequency band in the encodihg and
speech synthesizing processes, wherein speech related parameters characteristic of the
lower frequency band of the input signal are used to process an artificial signal in the
30 receiver for providing the higher frequency components of the synthesized speech. The
system comprises:
a decoder in the receiver for receiving an encoded bit stream from the transmitter,
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| ower frequency band of the input signal are used to processuaénMRt Qﬁﬂg:i al
signal in the 30 receiver for providing the higher frequency conponents of
t he synt hesi zed speech. The system conprises: a decoder in the receiver
for receiving an encoded bit streamfromthe transmtter, 5 V 4 MAR 2005
wher ei n wherebrihe éncbded bitstresn tontaitisahe\speeticrelgtedpiraietesd;ed paraneters; a
first nodule in the transmtter, responsive to the input signal, for
providing a ®iFstmogdulsinthe trapsyites, sespansive toghe inpupsignalsfos providingiac al

si gnal ' D Faciil Wels modul e in.the receiver,
respons %fest E&obhbgg encfgiégcéﬂﬁé kh% &ﬁ?‘é’%ﬁ% ?‘@Pgigf%&g@i“ §ﬁ'ée LI Rﬁﬂg@% Ia’r"ﬁg
factor for scabécogd niteluky QRS FRBiver, réspbfidi™e tosthe BAdoddd bittrehtiSfcpon- active
peri ods, wherein the first scaling factor is characteristic of the higher

f r eqiencirovisimgia srcond scaling facter fgn a¢aling the precessedbartificiak signa) dusingdhe hen-

h t eriShic . . f t t t hesi zed
Chatan, s periBds, W PR el 8RN TRCH0r 10 SRR RsRe B te g Heoghonsics
filteri ngaridef thelppht SighHdahd theseasysh Wabig el idcHdradt@isle of fRUbwet gnal having

a frequency range corresponding to the higher frequency conponents of the
synt hesi freqnesgyeempensnisofithe symthesize epdechst scal ing factor to be estimated

transm cter | STOgEbDr e SEeRRte fpefideh A Bk ot el Se5s HREHRE thedronl Simpaton,
noi $¢ i Naidgrovidesie fiftvrel MHR sipRAI VR WirSEhehOy tdnge B&ﬁ&%ﬁn&jlb ?&E‘?ﬂii%hérs
ot al'ng ractor can

conponents of the synthesized 'signal "s at the first sc
be nodi f fregnepgy eempenentscofdhe symthtsizeid gpeeshse as id altovetherfirstosealimp faptor tdhe

third as . esent ..nvention is an encoder for encoding an i nput
gi gnal _'ﬁggwt%%ﬁﬁ%%gﬁgwﬂ%’iiswﬁfand non-active speech periods, and the
i nput si gnal Peeferdbly] & efird Mbuld idilgtRhshitRe MARed afdviati @cdl&\@arhifgbequency

band, and for providing an 20 encoded bit stream contai ning speech rel at ed

par anet ePassdHigresoradon mpise én thetfrequenayrrange comespendingtodhe hightefrequency si gnal

SO to r. 1o reconstruct.the | ower . freguenc nents of

Synihes: sabalind JiESRTnesfed REREEUNH i il alBle it ot Bl Bt o

an artif bsited colorgd Higlhpadilered fagdsAeLe. rel ated parameters for providing

hi gh frequengﬁ conponents of the synthesized speech, and wherein a scaling
e

factor based third appectofidhe pressmt inveptiomisporeaneder §r enceding an limpmit sighab peech

' d{q. t d artificial,signal during th -act i
speoon paivilE R dBeAERS B n-Adnvk Splien prtpd, st s Bre | npu
signal , Hivided ipto-iEgherffrdquenidy tntAad kNoWér Béqieaty bahd2and for providing an

20 encoded bit stream containing speech related parameters characteristic of the lower

frequency band of the input signal so as to allow a decoder to reconstruct the lower
frequency components of synthesized speech based on the speech related parameters and
(" to process an artificial signal based on the speech related parameters for providing high
N frequency components of the synthesized speech, and wherein a scaling factor based on

25 the lower frequency components of the synthesized speech is used to scale the processed
artificial signal during the non-active speech periods. The encoder comprises:

a filter, responsive to the input signal, for high-pass filtering the input signal in a
frequency range corresponding to the higher frequency components of the synthesized
speech, and providing a first signal indicative of the high-pass filtered input signal;

30 means, responsive to the first signal, for providing a further scaling factor based
on the high-pass filtered input signal and the lower frequency components of the
synthesized speech and for providing a second signal indicative of the further scaling

6



frequency range corresponding to the higher frequency conponeuﬁsrﬁﬂ 20605
synt hesi zed speech, and providing a first signal indicative of the

hi gh-pass filtered i nput signal; 30 neans, responsive to the first signal,
for providing a further scaling factor based on the high-pass filtered

I nput signﬁkngngmfhe | ower frequency conponents of the synthesized speech
and for providing a second signal indicative of the further scaling 6 0 4

MAR 2005 fact iZati ule3td | . :
act or a qanstizatieh adubs tdsPonsiveiel iBe sdcBAd e*‘l\éf"r?’ﬁ%‘;"&@ﬁts“ﬁ%ﬁ&g% i ng

signal, for, prqviding an encoded ~signal indicati
factor in figealdpdisaine ofithe Suihonsnaling fastortin the énwaded biestrebng ades t6 slles@e t he

processed i1 &l . gnal during the actjve-speech periods based on s

t he furthe?ééo(k:lé]h%nsglﬂ??&%%opesfﬁi@gﬁ@ﬁlga g dhe aqliverspeechperipds/baselon i s a
nobi | esst athedtirthatdcsling faci anged to transmt an encoded bit streamto a
decoder for providing synthesized speech having higher frequency

porr}:)ogents and Tbﬂ@wﬂraﬂ;;a@m@hm?mhhmmomh@rmb?ﬂimﬁj@lmﬁgﬁslahﬁngeﬂttﬁeam
i ncl udes s ata indicative of an jnput signhal having active speec

peri ods anggﬁs&hﬁ%h@é"&df’&bﬁﬁé?%&?dﬁ‘fﬂﬂie’{ prevs gy@hwzq%gspgech htwing nto a
hi gher fr ehighacs &diflp land f g% ' eech .dat a

I ncl udes sgieggc h ?dgllag%,ad padrlgﬁrrgtaggé&gﬁéz}@t%gri st |%°%§‘%’e*’ﬁ%rt"&g%@§“?°@88§§ncy
band of t h¥ranpinclugdesspeeck dataindicativelofan fymt dignakiewirighckive ¥peteh b&fodsd e’
frequepcy nents. qf t synt hesi zed. speech based aon the speech rel ated
par arrgp er s;ﬁ&gg _"te&’°£‘83%rm§ﬁh°a%m‘tr%@airs %‘?’g’ﬁg@tﬁéwﬁb fregpancy beud and loveer ed
par artet er sfraqstntp baghivhetdif Bzt fuchids Glecdt %F?%% %%@8%%@%&' Adighiact o

based on the | ower frequency conponents o

provi di ng eFidelewer frequgueshbandof thecinput sigrel so heto aliont the decwldr sPpoeldedns i Ng
th - ' h I ods. i, tati [ : filter,
Fespons: velosF ERBNGHS BRRoRtH of B T Panceciipecch taeed phihomeschaglatedsi ghal i n
a frequenpatamaRes; af@td €5s18OAAAAACTAPsiERA VAL th rsﬁé&ﬁ E‘fl?{tﬁg%%k‘g@g %3 f the

synthesi zed 20 speech, and for providing a further sca ed on
t he hit§h- pseele the PP’@F@Hﬂrtlﬁp@l sigadlgvith 3 scalidg faciercdhasédzan theowadfitgiensyesponsi ve
to the scal/ ARt and t he further, scalin factor, for providing an

encoded si Jg";dn I{rﬁlogiiﬁl‘f ?P@%ﬁs’z?{\épﬁeﬁﬁf?fé?m?@&ga%%&wmwmc{newé@aﬂw bi t
stream sosymthesizedspeush daging %Qﬂﬁéacﬁ% §%éé'cﬁ pEf6asC AHRHGhiRY dt tfdng oﬁlggfs'gg nal

during 25 the actjve-speech period based on the further scalin The
fifth aspect of afHierrespansiveitothainpeisignal,dor bigh+past filbdrim the irpuosignatiigat i on
frequency range corresponding to the higher frequency components of the synthesized
20 speech, and for providing a further scaling factor based on the high-pass filtered input
signal; and

a quantization module, responsive to the scaling factor and the further scaling
( factor, for providing an encoded signal indicative of the further scaling factor in the
encoded bit stream, so as to allow the decoder to scale the colored artificial signal during
25 the active-speech period based on the further scaling factor,

The fifth aspect of the present invention is an element of a telecommunication
network, which is arranged to receive an encoded bit stream containing speech data
indicative of an input signal from a mobile station fof providing synthesized speech
having higher frequency components and lower frequency components, wherein the input

30 signal, having active speech periods and non-active periods, is divided into a higher
frequency band and lower frequency band, and the speech data includes speech related

parameters characteristic of the lower frequency band of the input signal and gain
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networ k, which is arranged to receive an encoded bit stream containing
speech data indicative of an input signal froma nobile station Qpéfﬂ 2005
provi di ng synt hesi zed speech having higher frequency conponents &n IQKMﬁD
frequency conponents, wherein the input 30 signal, having active speech

peri ods aPAIaMBisESsbaragteristie pHie higher flequeney band of the mit eignal, nrd)whiersn tiend
d | d h data,incl ud h rel ated
ar aer or O Wep S8ty BBMRon Gl o S e EHARTRA R R piRHIed:boeson fhgispoashgnal

and gain rElﬁbMde&Bet%ﬁbQEai&%IeﬁiHﬁié‘dﬁpﬁﬂﬁ%;act eristic of the higher frequency
band of the input signal, and wherein the |ower frequency conponents of
t he synt hesi ze#/fisshmechanism, 1esponsivedo thrxsgain parambters fermbovidieg afits scaling

par angterg, . 0§,ai d el enent conprising: a first nmechanism responsive to the
gain paraneters, for providing a first scaling s factor; a second

nmechani sm r espgiedhd tnecRadisif ﬁ%ﬁertégﬁ‘@%&%ﬁ%ﬁ%mfe%[ f‘%ﬁg‘é‘ﬁg l%ls and

high pass filtering an artificial sign or providing a syn nd hi gh
pass fi | t&ddtigh passifilieringlan gitificidl;signal firprovidingarsiyatitesis andhiphipass fiRerel e
first Scaifh@gipjﬁm qr and the speech data, for 10 providing a conbi ned
scal ing fac g8 uai ng the first scaling factor characteristic of the

hi gher frequengyhibdhid i ' | call f or
based on the first S.ggffnsﬁ,er]g ctorez%gﬁzdrﬁué'?%gﬁg%gggﬁﬂ%e%ﬁ%@%‘%%&éﬁeter
char 2t erprovidings cambined sealing festprdnclpdingdiefirse sdating FadtbrectyditdRbt 3€ the
speech; and, a £ourth _nechani sm responsive to the synthesis and hi gh-pass
filter edalggP?r apgrey %ﬁé’?g’r‘?dpp‘éﬁfbg’%ﬂémé@ﬁﬁ?mcﬂé% fagtpr basedem the firstscal i-ng
t he synt hesaligg fotbr Bhd B fRARS shé | Jiol G ' ' the first and .
¢econd scal i ng fact org duri r%éég%? ?l\%%d?%%%%ﬁ%&;dg%}agt}?ggg f%%ﬁwa?ﬁﬁe@‘ée@ﬁeech
peri ods, ¢osrposents oéthe symthesipedspeath;iandenti on wi | | becone apparent upon

reading the desgription taken in .conjunction wth Figures 2 to 8. 20 Brief
Descri ption ofafqﬁllgglﬂl i, F?Sgeﬂsé"imi em%ﬁlénéiha@rﬁ?ﬁsimf% atificial a
pri ors ar tsignall efdihe coRMedd eMUBLactof] ﬁi"ﬁd%litﬁﬁ the s?nmg%tﬁ lﬁf’ﬁ@lﬁ{*ﬁ%&, 'ﬁlltlﬁlgﬁt rating

t he wi deband speech codec, according to e pres Figure 3

i s a bl ocktifiriabvignal with ibe fisstiand sedondpsoalingfactorsshiring actine speetiepéiodsahdt he

non-active speech periods, respectively.

The present invention will become apparent upon reading the description taken in
conjunction with Figures 2 to 8.

20
Brief Description of the Drawings
Figure 1 is a block diagram illustrating a prior-art wideband speech codec.
( ) Figure 2 is a block diagram illustrating the wideband speech codec, according to
) the present invention.
25 Figure 3 is a block diagram illustrating the post-processing functionality of the

wideband speech encoder of the present invention.
Figure 4 is a block diagram illustrating the structure of the wideband speech

decoder of the present invention.

Figure 5 is a block diagram illustrating the post-processing functionality of the
30  wideband speech decoder.

Figure 6 is a block diagram illustrating a mobile station, according to the present
invention.



wi deband speech encoder of the present invention. Figure 4fi I
diagramillustrating the structure of the w deband speech ndﬁc!mzﬁﬁ t he
present invention. Figure 5 is a block diagramillustrating the _
post - processing functionality of the 30 w deband speech decoder. Figure 6

I's a block diag L b l; ' | Lon.  accarding tpo the present

i nvention. 8 0 E‘%ﬁqb %éé%%fbg% guge Viﬁ%gﬁ-%tﬁﬁsé%&ecm%ﬁ?? Pﬁg’wgt-qcﬁ@f gto

t el ecomrunthsawesent imzentionk, . according to the present invention. Figure ﬁ
is a flowchart illustrafing the nethod of speech coding, according to the
present inventi EW“%gﬁe%ihwmﬁéﬁﬁﬂheﬁge offypeedhnceling, ancotdinghove i n
Figure 2, f,lkégeﬁ@dh%gﬁgﬂ speech codec 1, according to the present invention,
i ncl udes a pre-processing block 2 for pre-processing the input signal 100.
Simlab to the prior-art codec, as described in the background section, the
pre-processi ng .10 bl ock 2 down-sanpl es and deci mates the input signal 100
to becone #22geecaror{ammaQut Thg Inkentionef f ecti ve bandwidth of 0 - 6.4 kHz.

Th R d b i gpal | . encoded by the Anal ysis-by-Synthesis
Ihe B 0cessed, SHa el ahcltod i BRGRP SlanbehlT MBS b
extract a Bwentidn, iicheits aPrepioetds Mﬂ%r%@@oc@ésﬁ @Eﬁ&r@éfgﬁdgo d

paraneters .Qiﬁrco fficients 104. The sane Coding parane n ‘be’used,
al ong wi t hSUIlAr &, theprior-art qoreq, es desgrihediin the backgramdssction, tltd préipeocdissifig gnal

(134, 28 g 2B B afplon b b B wopul W Ao hecomeconseaviigna 102cal 1

synt hesi zedithiageéfecti@bandwiith 650 = BI4IEPS STROpBLASK SRR tQ4lhe
prior-art V\A&Eband codec, the post-processing unC§J|e(‘%‘%llps(')lg&phléﬁ%enmde(i.|

post - pr oceBsRAnIRDESyrtheniskmicoding biockrtumingihaicontentiogsl ACEBLRtédhgioRa

gai n quantj | r.r espondi.n o..i nput_si.gnal characteristics of
the high ffr“é‘%%rﬁgye’%%ﬁ%%gte i f‘ﬁg"tb‘% ‘;‘?4"%5 &i’@& hapgd ﬁ&?ltamg.pawﬁnﬁgrs |
par ti'cul aréryoeffivierits V04, f TIREYARTRCO IR PACAREES I.gi peech signa
100 can be.used, along with the colored, hi S%B%E%dflgqobg;“g@?%%gms_ noi se
134, Y54, fikeningmedyle fo propesgian aifitialisignal, os pseudogardont ﬁdiise,ﬁﬁto't‘d&lﬂeﬁ,n

' : ' ' | | | t speech encoder, as shown in
Eﬁ;‘aﬁ 'eog- 41_!%%%%%&%” ) plté?§%¥ahﬁo&%%ﬁs%'tfﬂ,(i?qgl\ll\lﬂ'e ;ltiﬂ,eFiggre ). The encoding block 4

also provides locally synthesized signal 106 to a post-processing block 6.

In contrast to the prior-art wideband codec, the post-processing function of the
post-processing block 6 is modified to incorporate the gain scaling and gain quantization
20 108 corresponding to input signal characteristics of the high frequéncy components of the
original speech signal 100. More particularly, the high-frequency components of the
original speech signal 100 can be used, along with the colored, high-pass filtered random
( noise 134, 154, to determine a high-band signal scaling factor, as shown in Equation 4,
described in conjunction with the speech encoder, as shown in Figure 3. The output of
25  the post-processing block 6 is the post-processed speech signal 110.

Figure 3 illustrates the detailed structure of the post-processing functionality in the
speech encoder 10, according to the present invention. As shown, a random noiée
generator 20 is used to provide a 16 kHz artificial signal 130. The random noise 130 is
colored by an LPC synthesis filter 22 using the LPC parameters 104 provided in the

30  encoded bit stream from the Analysis-by-Synthesis encoding block 4 (Figure 2) based on
the characteristics of the lower band of the speech signal 100. From the colored random



25 the post-processing block 6 is the post-processed specBi $AGn 5L L0.
Figure 3 illustrates the detailed structure of the post-processing
functionality in the speech encoder 10, according to the present

i nvention. As shown, a random noise generator 20 is used to provide a 16

kHz art i moisedB253 bightpassflterRdeexteaatidhe calored, High fregquencyl congdnéits 154 P45
synthesis. filter 22 | ng -t LPC par ters 104 provided in the 30 encoded
bit stredffIPFEHIARES &fﬁa@y&@-&w%sﬁﬁeesu@wwemgnmt@ékzmtbﬁﬁgquency) based
on the Yedtlear 1 30 f d I ech signal .1Q0. From

t he col oﬁgger anélom?'g ]%&48%‘1%9@8&%8%? 1%&%6%@&;‘&“??%3@ Btracts
the col orfdtér 12 Fhe Enargyofithe lighrfreqenty cdmforientsa 12 drdOR3A1S Msddab ABteRthife O -
7.0 kHz. a}ﬁ&ﬁ&g{n A rﬁquency conponents 112 in the frequency range of 6.0 -
7.0 RHz i TRaTK} 18 sraliigfacinr Seams bx 2 Bo equalization tisck bk nesbrding #0:hi gh pass
filter 12. The energy of the high frequency conponents 112 and 134 is used
to determine 5 a high-band signal scaling factor gscaled by a gain

equal i zati on bl ock glélkd@t@gﬁr{@ﬁhﬂ%})?(ey, e ed = sqrt ((Shp' shp) Ig pT ehp)}
(4) where sipis the 6.0-7.0 kHz band-pass filtered original speech signal
112, and ehp is the 10 LPC synthesis (col ored) and band-pass filtered-

nareral S b S0 RERH Phog i S et e R ot

transm t U snthvsia (&&Grdﬁ?ﬁﬂdiﬁﬂld?biss%tlt@ﬁﬁrfhﬁ&n} Haisegbs. Tﬁ&?éa}ﬂpggc}c? d can use

the scaling factor to scale the random noise tor the recons n of the
speech siSepaiah a8 danotadrhyaeferasmnupsral 114 cawbs quaritized hgtiagain quaatizationon duri ng

et on AR 174l et WA S i BRED sodtmdinmcarrmercoionnsie o and

to i ncr eahescalipg fictat 10 bedlOtheGRAABH n6RE 8iitheYebitucti®s MEpldistdndl ol ! es

on a Voice Activity Detection (VAD) algorithmto determ ne er the

i nput signal Togurar G peechnedets, the radiodensmissionntiring ohapéschpetibds er
fro bei; ff. during the active C eriqgds..Ihe VAD al gorithm
i s denot é%‘a’g&é%ag’g%eélgg 3 "gﬂ%?ﬁqm@égmoﬁt@ﬁﬁérﬂj}ﬂg n. \?ﬂlé"rpuieh’ﬁé% ger is

turned ofifitetforenegbétiveer @ifferéit cbNLartit §ddedd CiySiisty of tiH dniTHIR AR
background noi se called "confort noise” (CN) is [??(?\E/HI de "Ti} i élré&ecel’ver

in order TheRIXniupelienrelingon apfaiesAdivityidetection (ARDRalgovibm fosletiemine The VAD
| gori t higyj i . hat taj i od of fine, knoy th
hangover el AR ARG EHE Rob BiodtnfiShidth e Rolse rvancine e wpBatter feamod i s
det ect ed beitig thmed b diting the adtive Pesshitiolds)VERE VAD algbfthat & delGed 8! OF

gscal ed during active speech
20 reference numeral 98. Furthermore, when the transmitter is turned off during the non-

=

active speech periods, a minimum amount of background noise called “comfort noise”

(CN) is provided by the receiver in order to eliminates the impression that the connection
( ' is dead. The VAD algorithm is designed such that a certain period of time, known as the

hangover or holdover time, is allowed after a non-active speech period is detected.

25 Accordingly to the present invention, the scaling factor gyeates during active speech
can be estimated in accordance with Equation 4. However, after the transition from active
speech to non-active speech, this gain parameter cannot be transmitted within the comfort
noise bit stream because of the bit rate limitation and the transmitting system. Thus, in
the non-active speech, the scaling factor is determined in the receiving end without using

30 the original speech signal, as carried out in the prior-art wideband codec. Thus, gain is

implicitly estimated from the base layer signal during non-active speech. In contrast,
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can be estimated in accordance with Equation 4. However,ugf P"ék 285
transition fromactive speech to non-active speech, this gain paraneter
cannot be transmitted within the confort noise bit stream because of the
bit rate [imtation and the transmtting system Thus, in the non active

speech, t hexpsit gdis) | 84 | | vi.ng. end. wi t hoyt usi ng
30 the original gspegfl:ﬁﬁiszigg%ﬂalﬁ,uggds caréjlﬁggbﬂlo%%ﬂb?nﬁagﬁcg&bhe%fgnﬁfp% E{Ez’and

g odec. Thu#reqagiich enhancblﬁphﬁ leyers.yDesihg thhsftfoﬁrﬂddﬁg%thﬁb'%go eéc‘hytsl hofiladfife
uring non-active s ch..ln contrast, 10 U 4 MAR 5 explicit garn

quant i zati SHre fé'tﬁg E‘gﬁgl?i% hﬁtv@ﬁ’égﬁfﬁg@@bﬁp@% agterp maysavsegudible trandientdiingh
frequency gihandge ; e | - hitlon.from.active speech to
non-acti ve speecﬁ?&%ﬂ?%lwm?%ﬁgd%g%\%@ﬁ&{%@% ISR eﬁ‘ngetS‘ras may

cause &udi bhin adaptatioremoduler1 6 tb lbharsperthé sculiag dackbrd Aabordin 16 Hﬁ’egﬁreée?it reduce
t hese audi bl e Lransiept I's possible to used a s gain adaptation nodul e

S, It
16 to chan§eepiiam theadaptation of starts mehen thy hangovertietiog of thentoice astieity i on, t he
adapt ati on . it he.ha ver-period of the vqi activity
0 i V,%El)?ﬁ gor I thm oeglgﬁgg’ E%rth?tr%{rp?ﬁﬁ’r?)ﬂg’éﬁ 1§8§?I§F§9Pml§9

det erm nati on

r epr esent i NoAId dedigibn depiowided to ﬂne?aﬁi/ adiptloh trddiR LR FurhEARbreCfte 16.

peri od of discontinuous transm ssion IS

Al 5o used Peiod SRAliRRT s FReTRion XIS is eiso eedion mvgain pipiaiénp Afhe. DTX.
th i ngpef .64 i Pt the, ari gi nal. h signal b
used, e BeTABppor DEGL BB P WatipdTacln Bringifiobs iesriieel eech.

carried osignalocanbdiusgl. t The dverdlbDgdin Wil fdattsiidtadfrt T Tel it
(1.0 - a) fese 1%(5")9 wher e f,es?gi S, déel?aerm nedﬁigyﬂlgtg%]ﬁgofﬁc@r%ﬁgﬁddﬁ?ded by
(ef erence AEASFOdingte the followingeguationdapt ati on paraneter, given by: a =
(DTX hangover count)/7 - (6) 20 Thus, during active speech, a is equal to
1.0 because the DTX hangover count is equal to 7. During a transient from
active to non-activegrpeee g, bidte(lXehgpgover count drops from?7 259 0.
Thus, ?uri ng the transient, 0< a<1.0. During non-active speech or ter
recei v ng the first confort noise paraneters, a = 0. 25 In that respect,

th h ¥ ' ' b ' tivit tect.i d
he sour oo oa Rl Tocrrarer b Baudltoh s Ueablal Y Sofelnet el 1150 B 43k e

of adaptation parameter, given by:

-7 o)

o = (DTX hangover count)/7 - (6)

20 '

Thus, during active speech, a is equal to 1.0 because the DTX hangover count is equal to
7. Dm’ing a transient from active to non-active speech, the DTX hangover count drops

( from 7 to 0. Thus, during the transient, 0< a<1.0. During non-active speech or after
receiving the first comfort noise parameters, o, = 0.

25 In that respect, the enhancement layer encoding, driven by the voice activity
detection and the source coding bit rate, is scalable depending on the different periods of
input signal. During active speech, gain quantization is explicitly determined from the
enhancement layer, which includes random noise gain parameter determination and
adaptation. During the transient period, the explicitly determined gain is adapted towards

30 the implicitly estimated value. During non-active speech, gain is implicitly estimated
from the base layer signal. Thus, high frequency enhancement layer parameters are not

transmitted to the receiving end during non-active speech,
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I nput, signal. During active speech, gain quantization is explicitly

determ ned fromthe enhancenent |ayer, which includes random noi sgdgey%e 2005
parameter determination and adaptation. During the transient period] 't
explicitly determned gain is adapted towards 30 the inplicitly estinmated

val ue. Duri ng Therbenefif of gaitnaiaplation s e sfobiiet trahdiént of Hid HIEh Sdquddcy™m t he

base layer signal. Thus, high frequency enhancenment | ayer pargmet rs are

not tr afSMPPREY sealingifeom ectivetp mgnactivelispaechyprosassing i The mippted iscaling gait VAR

o Y s £ Bt
The adaptiaé, ﬁ‘q&hﬂﬁl@d%gﬁb gdlh QhaHtizafion Hﬁhﬁ{e@%‘ﬁ & of E\%gﬁ?%cfz‘%ﬁﬂ géllltaﬁét&g

modul e 16 and denot ed by reference nunera 116, 1s ne gain
quanti zatlil§n Thischet of gain parameteest 118 caberincarporagml intopthe ansided bitstred®, tol hi S

set of gai ar ters 118 can, be jincgorporated into the encoded bit stream
to be t?’gﬁ?ﬁfﬂ 19 g receving.end %@ d@?ﬂﬂ“f%i@@@’ﬂ@bﬁ&?*ﬁ@%ﬁ%ﬂ%éeﬁsﬂéd t hat
t he quantyazeskt&st S&YB1eQ" . - t abl e so that
t hey cantﬂbe aéggtslgsegﬂﬁ?/ an ege?? ﬁ:}&?{ngg% b?n%%s&‘gﬁ@‘%%?&%%ﬁ%%ﬁg%é{aﬁﬁ%

scal i ng godex (yotothaivn).t he hi gh frequency random noise in the so decoding

process can beg,scaled in order to reduce the transients in the synthesized
signal durin Swltﬁ ghet ?déﬂ?ﬂtsf’gwgfwtadt thechigh frequency randomanoisea thepeech.

Fi nalyl vy, : i hohs f r dded.tq the

p- ] SSOSUBHPIAORS cAf Be s o et 15 etiol PGS ' e i ottt
encoder . dihiag thestransitoadsmn agivel spheckite mgy-aetiad spegch.SFRally, thél syr@hisized
i_ndepend%?tl in each 5 s sub me, Wth 4-bit codebooks being used to
guant i ze & %?%‘%?%?P@P‘E’&H@ﬁ&?a‘i‘{&ad% thecumersied apdhinterpelated signabreceived r at e

Is 0.8 kigpd: ' |0 .8l 1.ci erm ped gain
(fromthe r#g’ﬁ‘q‘bre%g?é’%y en g%%é?&%ﬁ%?s@éﬁ@%ﬁ%&n%ﬁ“ﬁ%ﬁ%% I mat ed
gai n (fr ot indepindently anyeach Sans subdimmne. bwiith 4-bitgodtbooks b3ing ased¥® quantized out
in tge ezﬁogfgh before th Il%ai n q_éanti,za ion, as. shown in Figure 3. In that
casé? thé™g ﬁi?ﬁ?%t‘@}‘@ SPIROTERE g queral bitgaters 88 khit/s.he 20 recei vi ng

end is grorar, TIRGAA sHaptibAb iﬂggl?ﬁ,ﬁcﬁia; ;%“Wﬁ%‘h&%@ﬂe‘%eaﬂ tation can

be carried out only 1h the decoder rrn r pefrod after
the VAD fifeqyendyregthancement lafers)emgi theimplicifly esiimatpd gaih (foanhb badglaydiaér case,

t he quantjzat.ion of the gai arapmeters is carried out in the encoder and
the gain lg\ggr;l{aga %ﬁnqt.l gn‘é'gf’?qnlé‘?jg ed AUt ifdhe,encoder beloreithe gajn ianantigationi asr s
t ransni t tshewh e Fipard BCRI thitQs& Mk SR pal i 09tol Be 2°
Equation 4. The iegg{ i mated gain f e%? gaﬁ%&%ﬁggﬁgﬁpﬁf?ﬁ%ﬁ@%%@e@eusi ng
t he 20 receiving end iS gioms, according to Equation 5. Alternatively, gain adaptation can be
carried out only in the decoder during the DTX hangover period after the VAD flag
~ indicating the beginning of non-speech signal. In that case, the quantization of the gain

( k parameters is carried out in the encoder and the gain adaptation is carried in the decoder,

(D

and the gain parameters transmitted to the receiving end can simply be geeqed, according to

25  Equation 4. The estimated gain for can be determined in the decoder using the
synthesized speech signal. It is also possible that gain adaptation is carried out in the
decoder at the beginning of the comfort noise period before the first silence description
(SID first) is received by the decoder. As with the previous case, Zscaled 18 quantized in the
encoder and transmitted within the encoded bit stream.

30 A diagrammatic representation of the decoder 30 of the present invention is shown
in Figure 4. As shown, the decoder 30 is used to synthesize a speech signal 110 from the
encoded parameters 140, which includes the LPC, pitch and excitation parameters 104

12



synt hesi zed speech signal. It is also possible that gain @Qa%gtm S
carried out in the decoder at the beginning of the confort S Seri od

before the first silence description (SIDfirst) is received by the

decoder. As with the previous case, gloat , is quantized in the encoder
and tr ansnird @ ghin'gidndtbs 199 L3y St hAgE e
representation 5 tﬂr%g decoder?%%qg?gtbﬁ&' ﬁr&‘g‘?e@ﬁé%ﬁ@\%ﬁ"rfgﬂe? 490% in

Figure 4. decodingunodulid2 providbsn sefof dequartized  PEYRARAEEA 42, SRBRLMS 9Nnal
110 fromthe , gmgegit araneters 140, which includes the LPC, pitch and
Y

excitati ontFeY excatipmparemeters 143 of thedowear bandarommpements of fige (see

Figure 3). : p ter 0, ,a decadin dul e 32 provides
a set of dﬁﬁg{rﬁl ;Ehg’(fﬁg g@g%?‘%ﬁ%ﬁg%so% 4 prpdlifes g syn ewer band speeeth and
exci { a5 onsigad paih enpsio 4R debodeRCFioM8 lodRY GeiRABPRERbR ifisd, ife RRECCH
signal, the post processing nodul e 34 produces a synthesizéd IFower band

speech 5 Kiogessing medule,34 produess the sythesingd highFfrequency corapdnenticbasdioadhe

random noi Inlaﬁ] . I si.pg. nodul e .3 roduces .t he synt hesi zed

hi gh- f r equBncy cor?%g%gvmcg,lﬁ'%g‘i?c}ﬁgﬁﬂ %‘gnﬂé’ﬁ?fgﬁtﬁ'f‘%ﬁf’ét"gﬂ? &gquencyudes t he
i nput  si gnedmysdnendh epeeshl cs of the high frequency conponents in speech. A
general i zed, post-progcessing structure of the decoder 30 is shown in Figure

5. 10 As shownAigsnemlizade pest-proeessing strpcivred tler decadds 30rie shimeBrbigaros.by a
ain quagpt i ' . 38. If gajn tation.is already carried out in
tg he eggode‘}r&,g h@%ﬁ?\kﬁ@feﬁf ﬁeﬁwg?geteﬁ%ﬁ%ﬁé aF‘E}aEU%ﬁﬁthg%lE&m daauantigation
functi onal blogk 38 ikl ' h ok ' ai N..144

‘(gtotal, with a=1.0 and, g‘:;’g?%)i%&?%%ggfﬁgﬁe@@ %tégp%ghggse%l&vﬁ”f’th,gmféi) at
he begi nrihegtherrelemant ggin asaptation Sunctionality in thietdecoder is'te swéteH tiaf déqagntiAd

the decoddi it (mp e P EIE=0s) 1 SR &iliBh gaid 5 o atshovi doc i n
the si gnalbebfhin ggdftﬁabbmﬁoﬁ heisOF &M WGt the RBsd @g@%g?lz pg{}%}m sfg@%@}%{-‘ﬁg O

gai n adaptation bl ock 40 detern nes the scal i ng
Equat #on SHOWRYE; if gpintadaptptien ismarripdadut ohly iditisodecbderdnriag thieDFIXI Inmig6Ver t he

i dapt at i th t.the t i ent . usi t he esti nated
Joal' ng- oeem et B8 IR SeTHn oo ienhl (0 nfenins tha Sosiames of omocs nor
receive tk@e@ﬂiﬁmrmrgﬁﬂé@pwﬁeﬁﬁwcﬂgﬂﬁe&ngieﬂ@gﬂﬁ%g'- faglor 146, as

provided by the gain adaptation nodule 40 is term ne ccorgf"ﬁlg to

Equat i on FccqmdingtgiEquation &indhns, dim thecheginhing efithadisedntinheus eatanision, He
conponent j essi jt,.34, as .shqwn in Figure 4, is simlar
t on}[)h e po ﬁ%%@?&%@?t@éocgﬂf ooéﬂsg?}%ﬁxe tmns1en?usmgt e estlmateilgscahng gain fess, as

20 denoted by reference numeral 145, when it does not receive the gain parameters 118.

Accordingly, the scaling factor 146, as-provided by the gain adaptation module 40 is
determined according to Equation 5.
( The coloring and high-pass filtering of the random noise component in the post

processing unit 34, as shown in Figure 4, is similar to the post processing of the encoder

25 10, as shown in Figure 3. As shown, a random noise generator 50 is used to provide an
artificial signal 150, which is colored by an LPC synthesis filter 52 based on the received
LPC parameters 104. The colored artificial signal 152 is filtered by a high-pass filter 54.
However, the purpose of providing the colored, high-pass filtered random noise 134 in the
encoder 10 (Figure 3) is to produce erp (Equation 4). In the post processing module 34,

30 the colored, high-pass filtered artificial signal 154 is used to produce the synthesized high
frequency signal 160 after being scaled by a gain adjustment module 56 based on the

13



25 10, as shown in Figure 3. As shown, a random noi se gene|0a4dﬂAi5(2[|'p§ used
to provide an artificial signal 150, which is colored by an LPC synthesis
firlter 52 based on the received LPC paraneters 104. The colored artificial
signal 152 is filtered by a high-pass filter 54. However, the purpose of

provi di naglapted high barddscalng)facton 146 brovideddsly the gdinadapiation hshiule¥o. hEinal®y)coder
10 (Figute 3) i o.prodyce ehp (Equation 4). In the post processing nodul e
34, 30 t‘ﬁ?@%ﬁﬂ“&i@ij?t‘%ﬁg‘éﬁ)ﬁ%@mﬂ ?&a@ﬁﬂﬂ?ﬁtim{e&ﬁaﬂd@dmﬂlﬁ Lﬁ%lﬂzi s used to

pr oduce ' i f | I e I ng..scal ed by a
gai n adj stﬂl r?%%?& Er’r%géﬁll é ggé(gﬂ;%rg&ﬁ %ﬁéﬁ%@ﬂ%&g&ﬁ sm@z‘q’z%@" L@&Eﬁsggtbﬁ%ﬁ&band
scal i ng digmwdl ds wéll Enpwnin thedir)y t he gai n adaptation nodule 40. Finally, the

out put 160 of tge high frequency enhancepent |ayer is added to the 16kHz
synthesi zed shghenld beneteddhatithe mymthesized signgbfomdhe deender isannilablafor 16k Hz

synt hesi ' I I 0} L0 .t [, |t .shoul.d be. ngted that the
synt hesi %gg"‘éﬁgﬁ%#@ﬁn & dggocdggg?sqi'pgggvglé gﬂﬁénq‘yoqe usgﬂg%Fﬁ%gfa?? t

esti mat i paraméiees.d asiag Bquaieds iR SH the cakiwheiBitie Becodefor e taadhiiBbR t he

par amet er, fast, using Equations 2 and 3. In the case when the decoder or the

t r ansni sehagnel igperaste highhbandsgaim parameters forvayausrepsonsnsitchras chamelbandous

ot r ece Vit BpfRba0 A8 ncRRK e Eiif itaghsp @i Wisnd AEadlf ilis Bopelflele O " ' °
hi gie passtale tht esleted; hipfqiass itteRd riiddd A¥is6l FrProviing tHE highSrids

conponents of the synthesized speech. In sumvary, the post-procéssing step
for carrSeupRensyis of fke simthesized gpeecky enhancenment |ayer coding in a w deband

speech coder erforned in the encoder .or e.decpder. 15 When this -
post - pr ocessi ng si&g?o&él_eg’g %rPﬁ%sa“ﬁngt rgmw&g‘em#ﬁﬁﬁﬁ‘%i gnal
scal i ng émmheem@s taeecoding BPi Widubdnd Esech bedddicah bk F)@ﬁblﬁﬂ@d’inctﬁé%&ﬁ&tér In
the frequency . range of 6.0-7.0 kHz of the original speech sanple and the
LPC- col otedleafernand- pass filtered random noise. Furthernore, an estimated
gai p:factor., y ats the . rad. tilt of, the.l.ower, ban

g2l 11 20101 Wit i BoBEtloL R i BEABHAAH ok bl TR R o

i ndi cat escaling Betoridigrd i8 Pbtaieddisth ﬂh§hi|lgﬁ ﬁibqu@ﬁylcbﬁ]paﬁ@ﬁghlﬂﬁrﬂque&? in a
non-active speech period. The overall scaling factor gtotat for the

di f f er entangpeEeR-TR KHg @S thesoriginalsneech sempin anddthe ERC-enjoredand banbpassed and
1, oo i S0 oy hon U o35AER Ao BB R BT

d
factors are quanti1 ze L ans P

the rec Sspdctrgl tidhof tht bewenband synthedirddggdaA i Ok cfbeder” Al VAT ddcgdibdghdiom t he
receive
20

fors

is used to indicate whether the input signal is in an active speech period or in a non-active
speech period. The overall scaling factor g for the different speech periods is
computed from the scaling factor gscates and the estimated gain factor fo. The scalable
e high-band signal scaling factors are quantized and transmitted within the encoded bit
stream. In the receiving end, the overall scaling factor gror is extracted from the received
25 encoded bit stream (encoded parameters). This overall scaling factor is used to scale the
colored and high-pass filtered random noise generated in the decoder.

When the post-processing step is performed in the decoder, the estimated gain
factor fes: can be obtained from the lower-band synthesized speech in the decoder. This
estimated gain factor can be used to scale the colored and high-pass filtered random noise

30 inthe decoder during active speech.
Figure 6 shows a block diagram of a mobile station 200 according to one
exemplary emboc}iment of the invention. The mobile station comprises parts typical of
14



25 encoded bit stream (encoded paraneters). This overall 6 gﬁ S
used to scale the colored and high-pass filtered random no s‘e?@g fed in
t he decoder. When the post-processing step is perfornmed in the decoder, the
estimated gain factor felt can be obt ained fromthe | owner-band synt hesi zed
speech in theqeﬁg@cgq@ﬁasg'ﬁﬁ& : g,ﬁg f used to scale the
colored and high-pass fil te? 0?327 @@1&3@@3‘3@8 >duri ng

active spedeansmithieqeive s@itctn208; antehha)zw andbeprinsl ahit 2050k ddaltiﬁlﬁfﬂe
accordi ng %‘g one exenpl ary enbodiment of the invention. The nobile statlon

conpri ses YOWE LrapgIpit g r?ﬁel"el‘ﬂOQkS@oﬂAm Diypwak ofa ldeblh:statlml cFheatsanamission

Cui 1 oh 20810k 1 X o 220 Yol 3 30ERR Mgl Thesodet 2 e

shows & r arthepostqmdoessiag ifwetibhality of #tdencadek 10y R Q%F‘?%HQE hgesStation. The
transm ssion bl ock 204 conprises a coder 221 for codin e speech si gnal .

The coder t?é‘ﬁmi'ﬁﬂﬂr{hi@%k 204 #so 9@3?1'1%95 ovexstipngyefuinet foo nhénnbycmﬁng, he encoder

10, hqy bl 04 I
oper gfl gns requi r %Pﬁ‘éﬁaﬁﬁgﬁ %5‘%“%&%5 0 pﬁ‘@ * gﬁ%lgr%?&@ev\el I
as RF funci foo mhntymTﬁélrdaéivé blwek ﬂl? alsoBofiMisksla. Eédbﬁfngzbéé 1{ 2o a&k@fdﬁr %tottgp €

receive block 211 also conprises a, decoding block accor

i nvent i on inyention ﬁlﬁcﬁdmglblmzﬂnn¢ludﬁsa wosppnice&mgmnlslll;hkﬂh‘e dé’éb&ei' 34e the
d d . Th f th hone 201,
oo 5 cq SRR B, Tod Hlealconfilg sont Be miaraphane 20bamiTeRs hep

t fi
conver t er , aniyslificatien staBe OB akd &BR{Fel gﬂﬂtaﬁdgp &ﬁx%etﬁ]ryﬁ't 1 the g}mg;?lts@Pég

cadi ng device conprised by the tran ransnis

pr ocessed,20ptyiicatls o Mpmqmqomrgﬂemcetcbmpmedmme thingalt block. tThken  vi a the
transmt/ £ 208 t ten he signal, to be received
i s taken 1S #%s%o?:h"‘% gﬁatpéﬂ?fés QﬁﬂgPeldragH %%reg&( |%“21wa021988 taken he

recei ver b)lwﬂiet&ﬁinumeﬁhesﬁﬁémﬂﬁttﬁéaﬁt% ! s the
deci pherin and t he channel coding. The reagzt}‘éteng{gé%é%iea‘g esll%g%é%eg “Bken
via t¥e D @auqmetttanamlt&nwwef $veitch2208 tamhb feseivtreblock P113wh@d phone

214. The cqn ontr he, o of the mpbi | e station 200,
reads the co*ndBialtéy%%rFﬁfﬁ'(ﬁ g1 ef‘ﬂ@sﬁg"e& g@ad M&@@G@aﬁdmﬁves
nessages trésul W§iehal Ry talfeq c ssu ng
functionali tyﬁ%c él?ﬁ(e e%féoder 10%513@??’])3&“09?&”&?&@8&&&&%&%2% aggi 34,
as shown it ariegiphens214cThe @hntng»l it 208 contmimthecuperaclaﬁ ofitieanéile kR idnl moa

t el econmmu etwork 3 an_ordinary tel ephone network or a
1obi [ e %ﬁzd%tthé) orltth comman s gwen %y e user from the ic}ypad 207 FZmd gives messages to

20 the user by means of the display 206.
The post processing functionality of the encoder 10, as shown in Figure 3, and the
‘ decoder 34, as shown in Figure 5, according to the invention, can also be used in a
( ‘telecommunication network 300, such as an ordinary telephone network or a mobile
station network, such as the GSM network. Figure 7 shows an example of a block
25  diagram of such a telecommunication network. For example, the telecommunication
network 300 can comprise telephone exchanges or corresponding switching systems 360,
to which ordinary telephones 370, base stations 340, base station controllers 350 and other
central devices 355 of telecommunication networks are coupled. Mobile stations 330 can
establish connection to the telecommunication network via the base stations 340. A
30 decoding block 320, which includes a post-processing unit 322 similar to that shown in
Figure 5, can be particularly advantageously placed in the base station 340, for example.
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station network, such as the GSM network. Figure 7 shews a+ HAR0P5 of a
bl ock 2S di agram of such a tel ecommuni cati on network. For exanple, the

t el ecomruni cati on network 300 can conprise tel ephone exchanges or
correspondi ng switching systens 360, to which ordinary tel ephones 370,
base st atHaowveve8Abs diradimgfladk 320 canalsodelptaced 3 thectide ofakion comiiMer 350 GEVi ces
355 of telecommuni cation networks are coupled. Mbile stations 330 can

est abl i s/PREL o5 AVitghipg devieq ﬁ%ﬁ?ﬁm@?ﬁ-dﬁmﬂaﬁlﬂbﬂkﬁ@ﬁ@ gystenbuses st at i ons

I T M AR i R A e S
pl aced i nrankferiigethe tadedaigndfiikerd overeieridicechahBel-infd AHyMORI PRSI/ r, the

decodi ng bl ock 320 can al so be placed in the base stafion controller 350 or

ot hef certangferrgd ingieleqommpunieation systes and yiceasersap the, decoding blacki3RDeant at i on
systemu I ranscoders, e.qg. .. etween e.bgse.s i ons and the
bgsg st at%?sg’ nbe?g%?ﬁdiﬁg ?‘é&tﬁa E%FO&E'T ghgq.ng;qlnﬂnag&e[cﬂgmgﬁ% @g Fﬂ.?ﬁuadg%@ﬁ P9Ster the
radi o chapoedssing ufit azzmh%'gla@édhpéﬂ e‘iexﬁérﬁrb?lthesteiegaﬂgﬁﬂ;ﬁ?c%\;ﬁgn? rk 300,

t el ecommuni cati on system and vice véersa, the decodin can also
be pl acedvhigh trarsforms the nedaddiata streamgstosanaincotied date stteany. he décodiy block

the t el eaRNeRTend HERE patd speceh tignal Satrins drcn i onlol Geen $8h e ‘st cam
| Nt ouoan uvticaelibr il posdn AR ool Ko SaRRMHeAIN MEhal Aathdl S AllEsmREkll | LTS

the coded speech signal conmng fromthe nobile station ereafter
t he speedbrvargimthedelacdremunizatsdnenetewdrki 300he usual nanner as unconpressed

forward in the.tel eco ni catj.on netwoy k 3Q0.._Fiqure is.a flowchart

i(l | ustrating teFngr lﬁggij%ﬁhaé#‘ﬁgﬁé@% t@%ﬁ?eaﬁ,d SQQé%rsB?‘?? Coging; #rOoKling knt

I nvent i o0fhe HesSit Ventiss. } t]ifﬁ L rg]g%b] I ' tep
510, . the \g‘?(_:e Actieia?ykgg{ldgg%%% a ggﬁktpﬁm |%qggg%eg§g§ %‘Ssg?%“?o

det er m ndheWeidekctivity Detedtorigorithmyf8 is il 4t BteiptS20c0 detenhineerhictiserithpr esent s
speech or, n@i se. MJ r}g t he speec eriod, the processed artificial noise
162 15 odup el hithmthe curfent Revio roplrsenss saopsh s hetse,Dunng hespercly the
noi se or pREBASAE i ; Wl gd%ﬁ | §iescd ' Is..Sscal ed
with a seﬂ(?ond spgﬂ%ﬁggk%gggﬁ)crﬁ@? ‘Sgtlgg?‘%%& Eﬂéﬁ%gls’%lﬁ{lggg%ﬁgg%aetﬁ% step
520 for t338. duing thenoiselor @sh-speech peiod; thefprosdsskel drtificial gpeal 152 aswatsay
conponents. .of the s%/?rit he}si zed speech, the arfificial signal or random
noi se i s Pt ¢ 8¢copd srplmedactor at siep 340 Jhe progsspisrepeatadzat stepRad\for the mest
filtered I;eﬁggyency range can be different depending on the sanple rate of

t he codec, for exanple.
20 - In order to provide the higher frequency components of the synthesized speech,

the artificial signal or random noise is filtered in a frequency range of 6.0-7.0 kHz.
However, the filtered frequency range can be different depending on the sample rate of

i \
(-

the codec, for example.
Although the invention has been described with respect to a preferred embodiment
25 thereof, it will be understood by those skilled in the art that the foregoing and various
other changes, omissions and deviatjons in the form and detail thereof may be made

without departing from the spirit and scope of this invention.
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Al t hough the invention has been described with respect to a Q*iﬂ
enbodi mrent 25 thereof, it will be understood by those skllled |n t Q t
that the foregoing and various other changes, om ssions and deviations in
the form and detail thereof may be made w thout departing fromthe spirit
and scope g[ é ention. 16 0 4 MAR 2005 What is clained is: 1. A

nmet hod of 5@ @ﬁ 5 processing for processing an input signal having
active speech perlods and non-active speech periods, and for providing a
synt hesi zed speech 5 signal having higher frequency conponents and | ower
frequency bonpofientbod edhrsigriad pracegsirg for proaessing s inipdedgnaithaviag hbteer

f o] d f band di d h
synthes: i TEoHHBeeds B RS aPEn Pepaut And BF Srendtos AaubEnecd specch
char acs eri sighat haﬂfl% hiet ﬁ‘é‘@fen@‘:}r @(ﬁﬁ'ﬁd?ﬁﬂts bag v Srddpetty tcgmg%g na? %}(}ﬁ:?el the

artificial signal provid processed artificral FUrt her
provi di ng lﬁlﬁ@t m@hﬁrdlﬂﬂe@]m@@@h@hﬁmm}sbmﬁ anddowér figqueheshanddn spedity,

sai d math Clsh@g he steg sqca an tg gécessed artificjal

si gnal Py %{Fllnﬁé’r(fcg s[eﬁ’ran&lw hgn glatgd parametest chagactasislic and

scal i ng th@ftﬁé nﬁﬁ@mqu@fcplbfah&a@luséd @Rbceds b aRifRBE O gﬁ?l%%ﬂo'?/ﬂh Og?‘&t or during

the non- active speech periods, wherein the first s i ng fact
char act er | ropessest artifigiahsigned tf011®ﬂh¢rqu‘6dm)g thahigherf frequendyrgomipoments af theand t he

second, sc har eristic | ower frequency band of the
i nput gOSI g?\gajpﬂg%g(g%)eﬁgl fa %if%%rl%ffg fem f wherein the processed
artificial si grtabhn%tﬂalp@dscem%niﬁdlal%i%ﬂl witRh REQA I EoRr Hin‘l r%ﬂ-l@‘acﬁ'vegnal in

a frequency range characteristic of t hi gher frequency nents of the
gynt hesi zepeeghersiods,andThe net hod of claim 2, wherein the frequency range

i's in the 6.4-8 odofc erein. i nput
signal is high- pcglsl@_‘fzth{@grgegs e(f%}lﬁﬁll%% nal yyth aasef’?‘i“i %‘iaéﬁg ggﬁﬂﬁa urjng the non-
frequency actingspesbipadsd htrem 16 fitd ScdlngFdtor i SHMBAENSRUTRRNE: ?Becr of the
synt hesi zeg speech, and wherein the first scaling factor is estimted from

the fF1terdeAucasyhand of the mput signah@ad die serendwcalingiiretos incharestanistic ef theve
speech perjoQfls fbiihtfGartPSG i input signal.

2. The method of claim 1, wherein the processed artificial signal is high-pass filtered

for providing a filtered signal in a frequency range characteristic of the higher frequency

20 components of the synthesized speech.
3. The method of claim 2, wherein the frequency range is in the 6.4-8.0 kHz range.

4, The method of claim 1, wherein the input signal is high-pass filtered for providing
25 a filtered signal in a frequency range characteristic of the higher frequency components of

the synthesized speech, and wherein the first scaling factor is estimated from the filtered

signal.

.5, The method of claim 4, wherein the non-active speech periods include speech
30 hangover periods and comfort noise periods, wherein the second scaling factor for scaling

the processed artificial signal in the speech hangover periods is estimated from the filtered

signal.
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hangover periods and confort noi se periods, wherein the secynﬁ m&lﬂ]ﬂ@
factor for scaling the processed artificial signal in the speech hangover
periods is estimated fromthe filtered signal. 17 U 4 MAR 2005 5 10 6. The
met hod of claim5, wherein the | ower frequency conponents of the

synt hesi zed spegch_are.reconstructed fromthe encoded | ower equency band

of the inplt .gﬁbenlgﬂhogﬁgcm e’ erf"r’i‘etng’é’%Fﬁ eggg}cyﬁamp%qn&ot%té? scaling the

processed ?’Elﬂie@ih@d Secl 818 aEconSrudidifr SR AL DARDIBVRT fRGidn Baﬂfoferhé ﬁlrg)ut
S

estimated fromthe | ower frequengly conponents of the synthesize eech.
7. The netfigipl.ondsyherein the sspendeicalingfactoe borsdalingahe ppcesed ertiffctal sigaalinng t he

processed artificial signal .in the co rt ngise periods is estimated from
the | ower tﬁ?%%eﬁﬁ@h%'ﬁﬂ°88ﬁ%%ﬁ’é‘ﬁﬁssatl%%esﬁ n{egfmrﬂg?ﬁsl?gpr FBLREY CENPORGBISHLt hod of
claims, feththestRARpésthNg the step of transmitting an encoded bit stream

to a receiving end for decodi ng, wherein the encoded bit streamincludes
data indicative of the first scaling factor. 15 9. The nethod of claim 8,

wherein t encpded bit stream includes data indicative of the second

scal i ng fggt or ermS‘?‘Sf‘Pﬁﬁlamg %’E?f%&g‘aeﬁecﬁ}]@?“faﬁegiara%ri g%’ié?alinﬁ thé,e speech
hangover  jpetdsastSartiBBiaPSgl inlhe chhTortBbBOPerRfds ¢ &iiMaod HEIRTEL fowepe second
scaling factor for scaling the rocessed artificial signal 1s provided in
t he recei vit¢figeagiacomponents of thstsiiniesizedcipa¢aln 6, wherein the second scaling
factof,is indicative of a spectral tilt factor determ ned fromthe |ower
frequency conponents of the synthesized speech. 12. The nethod of claim?7,

wherein th& secDidmshal ofelafn? 6} RkthEdongidldgnte 586 of RRAFRERRAIESdddi
signal in the confort noise periods is indicative of a spectral tilt factor

?'et__ er mi nedSURABIP BECEGAR eng fos docading. ebereimidnescasted bitestrsgmtihdsdesatitas peech.
3. The nﬁb?%gtqi@of%@‘hfgtécaliﬂ@?e[c%r.n the first scaling factor is further

esti mat ed

15 9. The method of claim 8, wherein the encoded bit stream includes data indicative of

the second scaling factor for scaling the processed artificial signal in the speech hangover

periods.

10.  The method of claim 8, wherein the second scaling factor for scaling the

20 processed artificial signal is provided in the receiving end.

11.  The method of claim 6, wherein the second scaling factor is indicative of a
(" ) spectral tilt factor determined from the lower frequency components of the synthesized
speech.
25
12. The method of claim 7, wherein the second scaling factor for scaling the
processed artificial signal in the comfort noise periods is indicative of a spectral tilt factor

determined from the lower frequency components of the synthesized speech.

30 13. The method of claim 4, wherein the first scaling factor is further estimated from

the processed artificial signal.
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the processed artificial signal. 18 .0 4 MAR 2005 5 10 15 _ 4. The
nethgd of claim1, further conprising the step of.prOV|d|AFPJggijﬁg%t|V|ty
information based on the input signal for nonitoring the active-speech
peri ods and the non- active speech periods. 15. The nethoddof cIa|n1é
wherein the, spe I t paraneters in¢lude |inear predictive coding
coef fi ci en?g ?ﬁ g}q Ckallafl Wiher eoueprising hgskpyolipsonidiag voise ackiyitit

si gnal . 161nf@m§é?§>ﬁq)|aseﬁ' b i arfpﬁﬂgigﬂaltfc%?ﬁ?oqmg?ﬁg bﬁ‘r\ﬁ/re sf)gescﬁ}gp@gﬁg Mt%()dl ng

and decoding an 1 nput sign I'ng active speec ! Sctive
speech per nowtsctardpeerh periodd.di ng ~a synt hesi zed speech si gnal having hi gher
frequency conponents and | ower frequency conponents, wherein the input
signal is divided into a higher frequency band and a lower frequency band

i n t hesencodi no TROtheARAGARIARAIL ESIch 1H8 sPERHFSRER patifRIGE! MhoRREGRNL € at ed

paraneters characteristic of the | ower equency npuéfr si gnal
are used t predptive esdingroadfitiefits chahceteiigiealf thaloweefreqenty band sithtmpui di ng t he
hi gher freqluer]cy conponents of the synthesized speech, said system
conpri si ng: B irst means in the transmtter, responsive to the input
signal, for providing a first scaling factor characteristic of the higher
frequency band of the input signal; a decoder in the receiver for receiving
an encodedl®i t éstspeamsigrmhtrmhmﬂtmaamdrredeﬁmsystemam&inlomhga@dlmam Rint stream

t th h rel at ed nmet.ers including data |nd|cat|ve of the
rrst "Boal Moyt RERTSpYink At Setcdrmpringnnd o AoHES pesceh peiotsed gormpviding

speech rel @Eﬁﬂhﬂﬁeﬁ@ﬁé&h&gnalf lQa'iungHﬁ%’{ eanﬁ’erﬁyéﬁfﬁﬁgﬁjen?scﬁl Bglexlf fi& u%¥1 a}and for

scaling the processed artificial secon sca
uring thecoropongats whersinetbe ingnemgmdss dwdiedcmb iartggheln érequemy'fbsmdancbd Towfer ci al

noral o't e et bt inhet ok R0 Sheedh kv inessss. Pheran giverh mibency
band of t hparamptéts GlagiReisBOSS thBfower frequency band of the input signal are used to
15 process an artificial signal in the receiver for providing the higher frequency components
of the synthesized speech, said system comprising:
a first means in the transmitter, responsive to the input signal, for providing a first
scaling factor characteristic of the higher frequency band of the input signal;
a decoder in the receiver for receiving an encoded bit stream from the transmitter,
20 wherein the encoded bit stream contains the speech related parameters including data
indicative of the first scaling factor; and
a second means in the receiver, responsive to speech related parameters , for
( providing a second scaling factor and for scaling the processed artificial signal with the
second scaling factor during the non-active speech periods and scaling the processed
25 artificial signal with the first scaling factor during the active speech periods, wherein the
first scaling factor is characteristic of the higher frequency band of the input signal and the

second scaling factor is characteristic of the lower frequency band of the input signal.

17. The system of claim 16, wherein the first means comprises a filtering means for
30 high pass filtering the input signal and providing a filtered input signal having a frequency
range corresponding to the higher frequency components of the synthesized speech, and

wherein the first scaling factor is estimated from the filtered input signal.
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second scaling factor is characteristic of the |ower frequeuney”'ﬁ&rzn%f t he
i nput signal. 17. The systemof claim 16, wherein the first neans conprises
a‘filtering neans for high pass filtering the input signal and providing a
filtered input signal having a frequency range corresponding to the higher

frequency nponent s of e. synt hesi.zed speech, and, wherein the first
scal i ng fai?‘or ?Ee @@fﬁ%ﬁgam i/‘gﬁﬁqleﬁ%nfhel frequerey; rapes isdn edl4 - 89 lHzraneR 2005

5 10 15 20 25 30 18. The systemof claim 17, wherein the frequency range is
inthe 6.4 - 8.0 kHz range. 19. The systemof claim 17, further conprising
a third medhs i hhe syt afidain 1 Briuftiesr coppaivingianBirdnkhb@inABS Gadsntift@rfod r andom
noise in the frequency rapge corresponding to the higher frequency
conponent Sprgfnd{x%a Egﬂﬁrﬂ#@%ﬁ&%&g EAngAm) nojsgdn %&rfr?ﬁb‘ﬁﬂqyyﬁh@e ¢aiEespending wdhe i ng

f act or 5 DasEHhATrddiendy BRRASSs b ~ | i o
claim 16, fﬁfgrt h(rardﬂcrcl) rising ?rea{r?tse?wrﬁges%%ﬁg?@gpﬂoé@ﬁg% f&%fﬁ%‘g%}s‘?séf?ﬁ@‘“?or
moni t or i ngfactee bassdionghahighnass Aktéred eandpmaniseper i ods. 21. The syst em of
claim 16, further conprising neans, responsive to the first scaling

factor, for providing an encoded first scaling factor and for included data

i ndi cativey@f t i 16t |} £ i hit stream
for transmtti ngge.si%%‘?ﬁgagl%gée’m (?Flgk?%g@gh%ﬂr{]I{?g‘?&g@rergg?}%ﬁﬁ&t%ﬁg

r esponsi vefor smaniterifig thetacteahndwpn-dative speech perigatsovi di ng an encoded first

scal i factor and for included data indicative of the encoded first
scaling factor into the encoded bit streamfor transmtting. 23. An encoder

for encodi pg anTh@ktensi ' [ ] -1active
speech peri ods andwtéﬁe_ {)%Eplﬁ%n Is\?a’\gﬂr‘faﬂ%rﬁg‘t“m/@flggﬁgﬁ%t‘%%éhﬁ?%@?gﬁ ?Sggﬁaelwgy band
nd a | owdetorrferprevidingamencodetififsbscajing fecthir agd for irtladediedhtdindicativeanhe

ont ai ni ng_spee el ate araneters characterjstic of the | ower frequency
band of th%nclgﬁ%cﬁﬁrsgf’céﬁ% 9asc5§égtoﬁe eficrdts Nt SURaELIPE frapgnitiing.  he speech

rel ated paranmeters to process an artificial signal for providing the
hi gher frequency conponents of the synthesized speech, and wherein a
scal i #g faddor Thassstmoef claio | Hierther cemprsiog nieans) resbotdiee iotheitirs sgitiak i S

used to s Ci%lc%r,ttgfa pI%rVP n?gsgnegncoded first scaling factor and for included data indicative of the

encoded first scaling factor into the encoded bit stream for transmitting,.

23. Anencoder for encoding an input signal having active speech periods and non-
20 active speech periods and the input signal is divided into a higher frequency band and a
lower frequency band, and for providing an encoded bit stream containing speech related
parameters characteristic of the lower frequency band of the input signal so as to allow a
(; decoder to use the speech related parameters to process an artificial signal for providing
the higher frequency components of the synthesized speech, and wherein a scaling factor
25 based on the lower frequency band of the input signal is used to scale the processed
artificial signal during the non-active speech periods, said encoder comprising:
means, responsive to the input signal, for high-pass filtering the input signal for
providing a high-pass filtered signal in a frequency range corresponding to the higher
frequency components of the synthesized speech, and for further providing a further
30 scaling factor based on the high-pass filtered signal; and
means, responsive to the further scaling factor, for providing an encoded signal

indicative of the further scaling factor into the encoded bit stream, so as to allow the
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artificial signal during the non-active speech periods, saige th h
conprising: neans, responsive to the input signal, for hi ghg.éag@‘ f?‘lq ering
the input signal for providing a high-pass filtered signal in a frequency
range corresponding to the higher frequency conponents of the synthesized

h f furth i.din fyrther ~scaling factor based on the
P assSiebPhr B4 PR Ddadab ke sl s e o
factor, foproBER¥A %iﬁgiaﬁﬁéﬁﬂ%ﬁﬁg tht e&'ﬂ%-s%ée?gba dsve of the further scaling

factor into the encoded bBit stréam so a ow the 20 0 4 MAR 2005 5 10
15 20 25 30 decoder to receive the encoded signal and use the further

i d i ficial i | duri t he
2ot vesspettn pAmIRL Sisipn. whihES REmeedts BT o debi SHegeRlt exscedsto i
an enc@dedfo@ip;oﬁamg@yﬂth&i@dqse&ﬁ?lgvmg@iﬁ%}fref ﬂgaé&hgpg 3 ng&ﬂéﬂ?s' ﬁﬁqgﬁ&eech havi ng

hi gher frequency conponents and | owe equenc) onents, erein the
encoded bi fregueneneomparientiewhepinetbh enkatdad bitdireart inctudes speeoh daauidisitpealf, t he

' ' . havi. ' h peri od n-active periods and

i i ded | nEbinehghlyGe s SRy PEuRE 2eis TrpoPds chodp-Bika petplvacn e
ivid : Shhi ower

P eauoncy. ayideRGayeiR SRatkilcf baAPAPRURF RS HAE ShErI e SoRlon AR, | O

the | ower inchdeesmeyclomigiahprametofs thueactaristic hé&ieﬂ&deﬁfﬂ&ﬁiéhc;bi&&ﬁg)f(ﬂﬁbdﬁlb@t .
speech.rel ated par ers, and, to color an artificial signa ased on the
sBeech r el 3E¥ Sg&? E{EEO& @‘eélﬁﬁo4eﬁt%ﬁr8V‘§eﬁh‘?elo¥V8F Breusngy eompeiieats ofithhal with a
scal i ng f agihn@esiZ0@§RLcIPBadeddn iV Geedt € arﬁ&g}gf)m%ogr ahgﬁiﬁcﬂlts@ﬁi zed
speech, for providing the higher frequenc conponents of the sypth I'zed
gp’eec h dur basgd pnéhersprechaelatedepasaveeters apé to sk, the adldreduiificialsdigtal odth a

onpri sing; Llter, respgnsive to the input si | , for ,high-pass
filtering %c}%gné Fﬁgtﬂr’ l%a]satﬁgxﬁﬁeﬁoyer I%?Oélﬁﬁ@'n Hoélﬁ@té%g g}ér%%éﬁ&? e, if‘Pfga .
hi gher f r egréeiteyg BeHRORERbGueAty &&ﬁp(ﬁiéﬂfsfb?%ezs%'ﬁ%he REE G ectithidthe RLVI di NG @
further scaling tactor based on the high-pass tilter I nput ~ signal; and
15 active speech periods, said mobile station comprising:
a filter, responsive to the input signal, for high-pass filtering the input signal in a
frequency range corresponding to the higher frequency components of the synthesized
speech, and for providing a further scaling factor based on the high-pass filtered input
signal; and
20 a quantization module, responsive to the further scaling factor, for providing an
encoded signal indicative of the further scaling factor in the encoded bit stream, so as to
allow the decoder to scale the colored artificial signal during the active-speech periods

( based on the further scaling factor.

25 25. An element of a telecommunication network, which is arranged to receive an
encoded bit stream containing speech data indicative of an input signal from a mobile
station for providing synthesized speech having higher frequency components and lower
frequency components, wherein the input signal has active speech periods and non-active
periods, and the input signal is divided into a higher frequency band and lower frequency

30 band, wherein the speech data includes speech related parameters characteristic of the
lower frequency band of the input signal and gain parameters characteristic of the higher

frequency band of the input signal, and wherein the lower frequency components of the
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a quantization nodul e, responsive to the further scaling f@8ck MAR 2085
providing an encoded signal indicative of the further scaling factor in
the encoded bit stream so as to allow the decoder to scale the colored
artificial signal during the active-speech periods based onkt h\ihfuLt her
scaling fagtqgr.. 25. An el enen f a,teleco ni cat.i on networ ich is
arr anggd t%’nﬁﬁl&?@%pegﬂl arg rP&%Y}é?flo‘?ﬂS?d ag F@éﬁ%ﬁ?@?%i%&%@érﬂ?%f@em

i ndi cati vecd}ﬁprasm%;nput signal froma nobile station for providing

synt hesi zed speech having hi gher frequency conponents ancj I ower frgquency
conmponent s, whea 8fshmepkanismpuesnginako tha gamqtarareetersfoc prqvéding d firstncaling
non-active eriods, and the input signal is divided into a higher
frequency %3 & and 1 ower frequency band, wherein the speech data includes
speechs rel at ed PaBARhRLRartRR BoREVSd t‘ﬁeQf)eeui'?elatle@‘ﬁ@rfan—fef]e?ﬂq@pﬁ/}ﬂthggi@d of
the input signal and gain paraneters characteristic of the hi gher
frequency mﬁugl@paqs dtering an agifipind signalrfdr plogidiaga symthdsisvani Higleppse fittyred
conponent s rﬂ' .tpe 2%_ 0 4 MAR 2005 5 10 15 20 25 30 synthesized speech are
provi ded bAsed *onstie speech rel ated paraneters, said elenment conprising:
a first mechani afhird fRERASNY,SedpRndile 1Rk FrREARBUSSr addQhe B A Oro first
scaling factor; a second nechanism responsive to the speect relate

par amet er sProvigingsaenmeisedscaling faciaylinghedisg fhel firstrscalingafactar thdracterdsticsifgeal f or

i di ' i.gh filtered artificial sigpal; a third
orovt 9870 AR A DR b San s e Sh e B o
provi di ng faBeRicRR dnd & T sﬁef%eﬁ Rlatkd 5&%{4&5&9 cfﬁﬁcﬁ&‘igﬁtofstﬁé!ld\v& éeﬂg%rgc"ya

characteristic of the higher frequency band of the input signal,
gecond scatanprpreais rbthendgsioed speeckt andt  scaling factor and a further

speech rel ated racteristic of rhe | ower. freguenc copponent s
of “the synt hesi St eiaehafioR AShEF fumhaie e Hlebaponaioed s tert
synt hesi s sighl bhd@thepaambided! sealirpcfadtot, ifbr hidg the synthesis and high-pass filtered

15 artificial signal with the first and second scaling factors during active speech periods and

non-active speech periods, respectively.

26. A decoder for decoding an encoded bit stream indicative of an input signal having
active speech periods and non-active speech periods for providing a synthesized speech
20 signal, the synthesized speech signal having higher frequency components and lower
frequency components, wherein the higher frequency components are synthesized using
an artificial signal, and wherein the input signal is divided into a higher frequency band
( and lower frequency band in encoding and speech synthesizing processes, the encoded bit
stream including first data indicative of speech related parameters characteristic of the
25 higher frequency band of the input signal and second data characteristic of the lower
frequency band of the input signal, said decoder comprising:
a processing means to process the artificial signal based on the second data, for
providing a processed artificial signal; and
a scaling means for scaling the processed artificial signal with a first scaling factor
30 based on the first data during the active speech periods, and for scaling the processed

artificial signal with a second scaling factor based on the second parameter data during the

non-active speech periods.
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signal, and the conbined scaling factor, for scaling the synthesis and

hi gh-pass filtered artificial signal with the first and secﬂnﬁdMﬁRaQ[]usg
factors during active speech periods and non-active speech peri ods,
respectively. 26. A decoder for decoding an encoded bit streamindicative
of an input,signal .havin activ peech periods and non-active speech
peri ods fo#7'pr o@ﬁ%ﬁl?? Yi‘?f ‘%)Fﬂﬂllil?e%&r g@@‘%fﬁ!@@l‘ﬁ‘“&éi gnal, the synthesized speech
si gnal havi ng hj g d e . . onents,
wharein the B ghar ey e SR IRE Mo R APl P R SR
artificial highgasded fdtarsighwd ieh fretpinmcy rmge chargetadisticsofdhe/higdhet frdfuendy hi gher
frequency band and_.lower frequency band in encodi ng and speech

synt hesi zi HIRANGRESOf the sypthesizet-spgech signal. stream including first data

i ndi cagi ve of speech related paraneters characteristic of the higher
frequency band of the input signal and second data characteristic of the

| oner  fr e2RiencVhddevddefoficheémi26pwhesimgthalowsa dieduelRyedapoa@iipsf éieng: a

processi ng ans to process the artificial signal based on the second data,
for provi m%sgeé) FQ?E%‘% §‘8’815§F°£ teponsirypted frgpuan encadedslosien freaepnai hansd afghe

scaling thg 1§ bl i | LSt |1 f based
on the firsPgﬁgggﬁﬁﬁgfﬁg*?%3ﬁ§§%¥55£§%§Q%H5gggf%ﬂ§%t%§§§¥%§&%ca ?ﬁ% t he
processed signaliif ¢stimakedsirgm die lnivehfrequeacoounserhisng tesyhtiesibeb gtecnsiphe.
second paraneter data during the non-active speech periods. 22 0 4 MAR
2005 27. The decoder of claim 26, further conprising: a filtering neans,
responsive to the processed artificial signal, for providing a high-passed
filter signal in a frequency range characteristic of the higher frequency
onmponents of the synthesized speech signal. 5 28. The decoder of claim 26,
whérein the | ower frequency conponents of the synthesized speech signal
are reconstructed from an encoded | ower frequency band of the i nput

signal, and wherein the second scaling factor for scaling the processed
artificial signal is estimated fromthe |ower frequency conponents of the
synt hesi zed speech signal. 23
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