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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.

In a 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 Al gebraic 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




codec i s an enhanced excitation codec. It is based on "fé&e%siM(ﬁiéaaizﬂﬁﬁencodi ng.
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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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kHz, is encoded using an Anal ysi s-by-Synthesis (A-b-S) |oop to extract LPC
pitch and excitation paraneters, which are quantized into an encoded bit

streamto be transmtted to s the receiving end for decoding. In the A-b-S
| oop, a locally synthesized signal is further up sanpled and interpolated
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At thg, receivi fter.the co decqdi ng process, the synthesized
signal is 30 fgﬁeﬁgﬁl&oﬁgg 1-35?30%&%%&%@8"% Bt e the actual output by
up-sanpling the signal to neet the input signal sanpling frequency.

Because the high frequency noise. | evel isTesti mated based on the LPC

par anet ers obt ai ned SwiehT @/ fexindy ere@ifilen@y etifdiand the spectralixilt 3
-0 4 MAR 2005 of the synthesized signal, the scaling and coloring of the
random noi se can be carried out 1in the encoder end or the decoder end. In

E Eg pri or -vérere effiedprestine thi Ghddrh HAHEAEY AQhPderb®iBhe 1ECRRLIRLEdHRased on
15 superscript T denotes the transpose of a vector. The scaled random noise is filtered using
the coloring LPC synthesis filter and 2 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, r, using the following equation:

20 :
r={5' () sE-D5"() s} | @
where 5(i) is the synthesized speech signal. Accordingly, the estimated gain £ is
determined from
25
Jest=1.0 ~r _ 3)

with the limitation 0.2< fo < 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 hi gh frequency noise level is estimated
based on the LPC parameters obtained from the lower frequency band and the spectral tilt
3



base | ayer signal |evel and spectral tilt. As such, thmiégh frequency
conponents in the 5 synthesized signal are filtered a . lﬁﬁﬁcgqg t he noi se
| evel does not correspond to the actual input signal characteri$s ﬁcs in the
6.4-8.0 kHz frequency range. Thus, the prior-art codec does not provide a
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signal. Accordingly, t first aspect of the present invention is a nethod
of speechpr_(?X & E’é_éﬁl %?@Slﬂ%mmé%c?ﬁ?ﬂﬁa@éhﬁﬂmﬂ@m active
speegh pes %hﬁ@&eﬂﬁfb's@ﬁﬁ:ﬁ‘iﬁghﬁ@ﬁ@ébﬁgﬁ’ ,0ds, and for providing a

avrng hi gher

synt hesi zed speech si gnal equency conponents and | ower
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frequencySband aﬁl I Ewer .frequency band in encodi ng and speech synt hesi zi ng-
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frequency bangigg I'l.ﬂl%ﬁdoﬁ-&t%%?ﬂﬁ@) et b Gl -gg gﬁﬂh for..providing the
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conpr i sessythesized ppeech in & distribuged dpecgh poesssing ssttinf iThivobjsityeam Beth a
fi rsisscgici me%ef %ct or ring, the active 30 speech periods, and scaling the
pr ocessed BTEH P ising e mmpt signal charagtersties ot s Hgh freguency somperpnisia thon-
active spegghal ééc%i%armﬁhehmﬁohﬁokm% E@y' teQhmbf, &) %ﬁ}iﬁr' gtic
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filtered ’?%‘Bﬁg%%‘f%ﬁ’%jﬂé fithg S’szﬁé Saech JuEhE active §pecch periods, Durig

- 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
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
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frequency range characteristic of the higher frequency corrpgryke%}? Qﬁ t{ he
synt hesi zed s speech, wherein the first scaling factor is esti edir om

the filtered signal, and wherein when the non-active speech periods
i ncl ude speech hangover periods and confort noise periods, the second

scaling f r_far scaling the processed artificial signal in the speech
hangover S@é_rq?‘%‘é’o‘?a&aé’gﬁfer@?% 1?‘%@%“5?@‘3 facprdicaling fagnalis clprastasistib bfithet he
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factor forgscaling t rocess rtificial signal durrng the confort
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synt hesi zeageSREe®Bef BB Frat sBLI o 16 L L ing.faetor i,s encoded
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t he secondVisodhe nep-hetistespeéairperiods aphatipban deygiver PEiddRERA boSmABREdC uded
in the enc%de it stream. Iig(, I s possible that the second scaling factor

for speecH HaMYSFFPUt 534S factor far waking the mrecessed artilieiahsigng! mrfhie speech
Pr ef er abl Yaanfd\Rr &GS S | e vd estimated froma spectral
tilt factor gzorgeterﬁnﬁ?‘%@%ﬁt}?ﬁ%ﬁlﬁ%\gﬁf#@%uency conponents of the
synt hesi zed spdueferably, dieseabhd scaling fdtorstbr ﬁﬁﬁh% e ASfidial'sidhal

estinmpfed from.the praocessed artifjcial _signa he second aspect of the
pr escra?';ft i rf%lgﬁtg s 5Pe G@?ﬁ@%@ﬂ’%@%’élﬂﬁoﬁéﬁ@ﬁ%ﬂt@m thedowersltequerey system f or

encodi ng apfhpde&RsbNthe 30nthOsld S i L1V eech rigds 25 and
non-active sggech per.ieog%thand f%rbgdgl?(%?/@%}éﬁg&gﬁ%ﬁfl%e% ?’éﬁ’@%@@gﬁ&si gnal

hﬁvi ng  hipgeressed petficialcjgrad dpimsthiecontfort holse perfiddqs estaNat SDFRA TR oSwer WheT €i N
t he i nput

lgnal is divid into a hjgher frequency band and a | ower
frequency fﬁegﬁ%lcyﬁomgngﬁﬁgg&.ﬁéygﬁ IZ%dpﬁ’é‘E‘fh%M-hesi zZi ng processes, wherein
speech rel at ed PpefeaBB}, BHcSmSHa: M ncy band of
the input signal ar ggfj_se_d to Srﬁ(ﬁﬁ%g%gééig%cgpﬁ %@q%%ﬁﬁlﬁ%%&a{’ﬁﬁﬁ%$%‘°§geg
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speech. The. sy m. c ri.ses: a decoder in the receiver for receiving an

encoded b!ﬂgngirlgéﬁoﬁcgﬁﬁdﬁg%ﬁ?%ﬂ?gﬂ?‘fg’é@e@‘--0 4 MAR 2005 wherein the

encoded bit st g8 FoSIIE Widd She , i.rst nodul e
) $hd RBoiP&RGH ?&k&%ﬁ%@gﬁ%?eﬁoé is

in the tracllnsm',tter_, responsive to the T nput ovidihg a
-determined 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 spesch.
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 encodiﬁg 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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first scaling factor for scaling the processed artificial s-ﬂgheiﬂAmgn'&:g t he
active periods, and a second nodule in the receiver, responsive t q e
encoded bit stream for 5 providing a second sealing factor for scaling the
processed artificial signal during the non- active periods, wherein the
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signal wand Bﬁthetiﬁiﬁltfsi%htﬁltanﬂ(%ﬁé 5and 3G ig%lgﬁ?ggﬁétﬁ:% fotkerOn the

col ored, high-pass filtered random noi Se. aspect of The pr esent
i nvent i dfpqnencycomponciss of the sanfhesizaispaechi nput si gnal  havi ng active speech

"ot o 8 hi gher e i EBERaduR SIS dcS alir for i eh BoFsiSHIREINE Pt iR di ng
0 R na’ _
an 130 enaa@eshidihl aHifcRA RN aphé’tgn%e ﬁggﬁ%‘r"gﬁﬁ%’f}ﬁ%ﬁ?ﬁéﬁgﬁ the higher

characteristic of the | ower requen as to
al | ow a fepanentycomponentonfthe spathesized speenh sofas do)akione yhecHuspsoating $acidr to

synt hesi . h_bas on, t he speech related paraneters and to process .
an arti P%%?%‘?‘Q%ﬁ&?ﬁ%gﬂg’ae p‘t‘%égl?geech related parameters for providing -
hi gh freque&&ﬁeﬁbﬁggﬂﬁmt heﬁlloﬁﬁletiﬁ%egﬁfﬂ{sﬁﬁﬁéﬁ§gseﬁ%?ﬁs&vio 1ﬁ¥)€l§f‘éﬁ ﬁ:%-sca' ' ng

-factor based o' n ne | ower frequency conponen The synt zed
speech PgssBliered sndeml nisetn ty epeserirange corféspomling togiha higher frequdries

non-.act i S h.periqds. The encoder..cC rises:.a filter, responsive to
t henl 3 nptﬁéﬁ%’ Pg%}??f@glsylﬂﬁw%g@aﬁq hhﬁ l‘?@glﬁﬁ){%togf’%]%ﬁ mPﬂl%d seuency
range conthspslofidBighPatdBlidibdRRdof RAeency conponents of the synthesized
speech, and providing a first signal indicative of the high-pass filtered

i nput si gnal ; Thedhisd aspect efdbppreséntdnveantioh & dn ensodsi fgnedcodingranfinpetisiiml a
fin-the i or based. on the high-pass filtered input . signal and
the | owg:lra é#‘gé‘g@‘gen%’gg‘%l&%ﬁ&ﬁ?‘lﬂ%?a i SP%%P%E&?%@W%&EW tor gpr ovi di ng
a secondividghiato i higheédtRn6) binddeantal IbHeF réGRhEPFarf, Gnd VRR-AERR dnact or;

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

—

ﬁ‘gquency band of the input signal so as 1o 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 -
frequency components of the synthesized speech, and wherein a scaling factor based on

25 the lower frequency components of the synthesized speech is used o 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
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a quanti zation nodul e, responsive to the second signal, for ﬂreb\i‘ﬁkﬁ Qgg@n
encoded signal indicative of the further scaling factor in the encoded bit
stream so as to allow the decoder to scale the processed artificial
signal during the active-speech periods based on 5 the further scaling
factor. Th c{ﬁurth aspect of the present invention is a nobile station,
which is arra gfé‘ to transmt an encoded bit streamto a decoder for

provi di ng synt hegi SRES: ' - R nent s an ower
frequency co Qng%%?amherg?%lg’?#e‘ en%’%é‘ggﬁ[ﬁe{;éw;‘@ e}gf)r??‘ip p%@?ﬁa&anseﬁzggg# dat a
i ndi cat i vestgial anlicatiyatof tiegfosthersasfimpfastor i thewpentel bilatreadssendo low the
"non-activedeoe‘?é ds, -and the input _signal is divided into a higher frequency
band and | GHaYT 1 Sealt iy Rrossssrd artifieiabignal durins the@rtivmsneerinpsrinde bassdamc h

rel at egl patham{@ﬁcm%rfg&ggri stic of the |ower frequency band of the input
.signal so as to allow'the decoder to provide the |ower frequency

conponents of tHee Syrthhssict ofiths pessein ibearidbndna ulvdils pRA6H, wigtRisafranged to
par anet ers to col an artificial signal_ based on the speech rel ated

andtl 0 . .
par amet er sTARELLA ?88@%{1?“‘131"@8} Oratreaden ipr proxjding ymthesized ppesclsbaningig f act or

based on tHighdr t nthesized . speech f.0
provi di ng t%(la %&%@?&E@é%ﬂti g‘%@%ﬁ S %%Icy ﬁgﬁp §§cr ngéeﬁe%ﬂ?ﬁggg ddl’l I ng 7

t he non- acttiesw isgiudessppeati duttsindichtiverobid pat dfnad RavifgREtivePecch petibi€ind
respo Osive to ;ihe | nput sjgnal, for high-pass filtering the input signal in
a frequed&° HBBSIB&&P @%‘L&‘ﬁd?mﬁ S}cﬁa]tlﬁ%“ﬁﬂwo 2 higherdlirgpenanppod and dowdr t he
synt hesi z eS8 Lalis f l.ing.factor based on
t he hi gh-pass fil terggghiéﬂr%glu%lg %gefégﬁgf:ﬂ IQ%H&(E %5%’%? Flggefqi%g{ﬁmﬁ%ﬁﬁ f:éa,lra?tglg nsi ve
“t-o the scafithrylomes froquency bahdof the tilert sipnal sor to bHeW @i ddcalerb Proviid Wean

encoded si |~indicative of t fluther scaling factor in the encoded bit
stream solg‘ggr PRIUSREY Gompeney S@?W@gﬁfléﬁeﬁb sstondbe speerl refated  si gnal’

during 25 gahendteis 4Rt BRBGEANRAIAGRS 'P%%F | ng factor. The
fifth aspect of the present invent iSo |§asg§°£ellq% ﬁ%‘&%@faé&f@ré%%m cation
net wotk, \iRrlekhe eolered artificialisignabwith wescalingfactod baketiioh thé TosafegqidndiynNi Ny
speech datc% nal._froma npbile station for

provi di ng Syni ![0 ﬁgﬂgg gtﬂi\égsggélg.ﬁgedé%#foh %&?éﬁlmg Flﬁqlﬂélh @9‘1‘&@% sorenenentinf thower
frequency synipanaldpeech i the bbf-abiiilpes: e?iogg.gﬁ‘ﬁls gﬁgirlg 9?&815 Ec‘r’rﬁg@?eg'e ch

periods and non-active periods, is divide nto reque and
and | ower frequdfiliyr sespansismtd thhénsyp ekgohl, Gathigti-past diliesing firdaputrsednal ch
ar amet er istic of..the lo frequency band of the input signal
g nd gai n %%@%&ée corresponding to tl)e ﬁfgrher e{glency gomponents of the synth%sized J
20 . speech, and for providing a further scaling factor based on the high-pass filtered input

signal; and :

e

a quantization module, responsive to the sca]ing 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 for 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

7




paraneters characteristic of the higher frequency band of tﬂhé %ﬁ%tﬁﬂ@gi gnal ,
and wherein the |ower frequency conponents of the synthesized speech are
provi ded based on the speech related paraneters, said el enent conprising:
a first nechanism responsive to the gain paraneters, for providing a first

scal i ng Parasios chaagendivof ichigherdhaquensiinnd of thetifphiieorfp 206 iiealiatird
paraneters. for synthesis ang hi gh pass filtering an artificial signal for
provi di né"‘g""’s’é{)ﬁ‘ﬂﬁl  components oF thesyathesiredsneech are pravideddhased gm the; spaedhhi r d
mechani S%}a{eg%%ﬂﬁtéfg’staﬂél eritich yor ling factor and the speech data, for
10 providing a conbined scallng ctof including the first scaling factor

characteri sti @ fost mechanising heposieeiocthe yaih patmeters, Tor prRiting h Gt scaldid a
second sgal ing factor based on the first scaling factor and a further
speech r 140 paranmeter characteristic of the |lower frequency conponents

of the synthesi S | : t ni responsive tg t.he
synt hesi g ang%ﬁiégﬁ{dggss ;,ngbg %‘?ﬂoftﬁ%%%%a?@@%#%ﬁﬁlf%ﬂn@&%i ned
scal i ng fadhigh pasofilteiry amwgtifitiel syl feSisvidhg AdyalrebR 38d high (8 Hitered

artificial.si.gnal with the first and second scaling factors during active
speech pm%b@%\aw non-acti ve speech periods, respectively. The present

invention willg r I ' -hedescri.ption taken in

conj uncti on wi t%ﬁglqlg%}l glg ,fe%ﬁ@éﬂ%&oéﬁ?@#[‘%@% Fﬁ?rcﬁ?dg#‘e ?H‘ngﬁli%mfﬂbs

Fi guive 1 preyidinghcombiliedgraling fattusinchidingotha figdtis@Almd thotot SleRandiSieeea codec.
Figure 2,i aﬁbl ock gi rfatP jllustrating the w deband speech codes,

accor di n T Irpqenpy %@?ﬁ sireHt signal, ol asegendscaling factasibased ofi thgifash

i 11 ust r abtdmhstolaRita A ' irOnaL of the i deband. speech ' .

encoder of the pr esent |n€§si>§'%‘%l%.ei%re %e]ilés g eﬂ?}}f{"&}%@? r%"ﬂﬁ%‘}"yati ng .

t he st ruéempenayts afitbe syrdledsiwed sparehyrand decoder of the present invention.

Figure 5is a'gl k diagcamillustrating the post-processing functionality

of the 30 wid %‘Hﬁ:bmf&‘@%a%a@%a@w@ torihg gythesis andchiph-pess Gitagt antificial

|11 ust r abigRal Ad D fibifbdbdafifly fRAGGOEH sOink Ind QRaRsRSE A hioh DVE Bl 8
artificial signal with the first and second scaling factors during active speech periods and

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.




0 4 MAR 2005 Figure 7 is a block diagramillustrating a tel L.cation
network, according to the present invention. Figure 8 isgéggﬁ%aﬁ&kgrt
illustrating the method of speech coding, according to the present
invention. 5 Best Mbde For Carrying out The Invention As shown in Figure 2,

t he w deband s : T el .10 e present, invention, [ncludes
a pre-processi ﬁg&%{ég@gg?ﬁ;fc%rd] e- 6@3@%@% %gﬁ?‘f"ﬁ-?ﬂi‘%ﬁ’m&m@mf ARFGOTdIng 19 | ar
to the prits pmsednt dogation.as descri bed in the background section, the
pre-processing 10 bl gck 2 down-sanpl es and deci mates the input signal 100
to becone a spdalie $iyatlowrghart ifipstrating the meibod vEspraciivading, atorfling 6tk kHz.
.The proceiﬁ(%g SiRe&RIdnSI 9nal 102 is encoded by the Analysis-by-Synthesis
encodi ng bl ocﬂ 4 using the conventional ACELP technology in order to
extra® a set of Linear Predictive Coding (LPC) pitch and excitation

.par anet er fficients 104. The same coding paraneters can be used,

al ong W tF MogeIebcarrying {uf The Inygnieniul e to process an artificial signal,

do-. d “ : l. d hi.gh- filf, d.rand [
(130, Fi qure 3 Cogwin Fitk2 ind ol speliicaded decorording 5 e wrseis | ocal | y
synt hesi zénventiondhclid d frepratesdin E%Q?&fﬁe@&&%&iﬁ% tgﬁ%oﬁﬂgﬁéafiod.o the

prior-art eband codec, the post-processing funct

v :
post - proc §_§§ﬂff_gt°5‘1%ﬁlk°f6m¢ epdgpdis ﬁemmdmﬁm&adcgramni Sebﬁclngalﬁap&qﬁbt é:qsg?gnd f
ai n ;guan R respondi ng to. i signal characteristics o
tg he hlﬁgh Hozec%ujency —%agﬂr%gsg%n‘r??im&? T’ﬁwtg‘e b‘ﬂ?“% F%ﬁ%bé%@%@%ﬁﬁ?e%b@i@%ﬂé

par ti cul amtith, an difectivgbaddveQUOTOY. CHPRENGRE Qi ch_signal
100 can bgyghsed, al.ong with the col ored, h?{;oﬁgsggggpﬁ‘e%%%%ggiorzzgglg%ﬁe%oi se

134, 154, ceralysis-He-Santhegjh canadingsiigeiod usingthiengnartionn] AGE] Phesthoiogy
Equat i on ' | njpunct i,..o itht eech encoder, as shown in
Fi gure 3. ﬂlI'%rgg g%tci)ut o%é.e ?Qgﬂﬁgﬁwﬁﬁ%ﬁ&g Fﬁ%éﬁﬁ"&‘g‘léné Greitplpm parameters
post - pr oc eseedficipeie 404.5 THE 8dmd dddindh A bt dah! I

structure _of .the post-processing H]}é:frcht i Oﬁiﬁ%&n};@?&ﬂ&?g@ﬁg&%&%ﬁ}%&%ﬁﬂ 10,

accordi ngUftEripgmoprisde process aarariifeial signad ywseuda-madainmoie) e a gslordat or 20
i's used t@; QN artificial signal 130. The random noise 130 is
col ored b;ﬁllg%n&%%?gﬁg%%% %edséﬁmflfel qlé?’cllﬁ'ﬁuﬁ%#”%%%t Figwrpd). pnkhe sraadmg block 4r ovi ded
in the 30abopasédbsiodaliyts Baiiddfbi%ﬁa!ﬂﬂ?oﬂlﬁd Sh-prdés s encoding bl ock
4 (Figure 2) based on tggﬁghar acteri sticslyof ﬁ{cﬁ%s@ﬁ%l?@%?hd of the speech
signal 100. Fr dhvent@sidelths pdorrahwisieband 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 frequency 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 illusirates the detailed structure of the post-processing fumctionality in- the
speech encoder 10, according to the present invention. As shown, a random noisé
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




0 4 MAR 2005 noise 132, a high-pass filter 24 extracts tﬂ@.@%ﬁ§2ﬁg, hi gh
frequency conponents 134.-in a frequency range of 6.0 - 7.0 - 'The high
frequency conponents 112 in the frequency range of 6.0 - 7.0 kHz in the
ori ginal speech sanple 100 are also extracted by a high pass filter 12
The enerupiseit32, héigdii-piss ffilier/24 axtyact:ip 0ol RS hikh&i‘ﬁjﬁén%;%nﬁp%nb&ﬁ_ﬂb& fha
determng s a high-band signal scaling factor gsaared by 'a gain
equalizé&?&ﬁ“ﬂ%ﬁ%@9ﬁ§0aé@%kﬂ¥ﬂ§h¥b% Ry compenents 132 pthsiisybéreypT ehp)

(5, "0 Pt B G O R LA S T2,
random nfiited 21 Fhe ehbgryof @hd High Frghdicy 85RpbRshts BE SARNPI4AE ubd th SERERNRS

nunmeral 114 can be quantized by a gain quantization nodule 18 and
tran®m t3 Bighwang signelrealng aiod ghius bytargsimequlization hlhek 14 eetording tend can use
the scaling factor to scale the random noise for the reconstruction of the
speech signal. In current GSM speech codecs, the radio transm ssion during
non- speech peri odsg,l>= rﬁ{@p% Nc} Di sconti nuous Transm ssiypn ( DTX)

function. The DTX %sgl%gs s?o redu%gﬂ%i’}nfteg?f{er ence between differ efl@)cel | s and
to increase capacity of the conmunication system The DIX function relies

Voi ¢ Vi i VAD)..al gorj t h i whet her th
ot i e St e 7 e Bkt BB rsini spees MEPH o @d il ¢ or
from beilysjAnss @Bforéharaha%aﬁ@-ﬁggﬁgée@fﬁﬂurgﬁg%&%&'ﬁ?’%&%ﬁ’%@ gorithm

I s denoted by 20 reference nune rnore, when transmtter is

turned dfsfaed@d Aerptediby referenceoivimeralsiidaah bpeuitied by again quatieatumnt  of
backgro Lse called. "confort noise" . i s provided, by the receiver
in o?qe?*ﬂ?%‘ﬁihﬁﬁrﬁﬁrea@mé R ﬁ?ﬁﬁs?ffeﬂ%{%\beﬁ%l %’dﬁﬁ*eféf FRSRIvAESIdEaB IS he. VAD
al gori t hege e@g}%ﬁ&‘a@m@ seM6 thd ﬁﬁ&tlnlﬁ noRE 6 the P&ohATa@iondf W ?Eée}glc the

hangover or dover tine, Is allowed after a non-active period is
det ected. 25 Incwoeni GEM/speech eneleps, dserntlid tamsntission durhe moaipbad getiotor

gs ed .dur | tive.speech n be est}j ed in accordance with Equation
3> “Fowevi PoBfdty 4 BiE RS s I Eerim T o Rapher 1 DA heiRsp feiepacc
thi s gaiintepRIcRoE beveeR AffreRSells ,ﬁﬁlfﬁ@iﬁé@gse%gé'ﬁi dfiRe SR i%aﬁdhownp' t
stream because of the bit rate limtation and the transmtting system
Thus, i nThe P Bmctien reliss opadédice AntiviseBbienigorf GCAD) algerittet &y ddteradné n t he
recei vi { £ hout. usi 30 the original .speech signal, as carried out
n the. et g begRtSiet 108 siesets oech pioisE e eI FnGRHEERRd {1 om
t he bas ebdirytatnedi G dhriskihe ABHROGBH pHDISP - - 4 MAR
2UU5 explicit gainzﬂuantization S J%ed §u?§%30g%gg%ﬁﬂ%%?§% 0%§§§H on the
si gttal  iTeTorense pugrer

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

98. Furthermore, when the transmitter is turned off during the non-

(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 gseates 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 contirast,
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frequency enhancenent |ayers. During the transition fro%éaéﬂﬂiiﬁvéijgs@peech to
non-active speech, the switching between the different scaling factors may
cause audible transients in the synthesized signal. In order to reduce
these audible transients, it is possible to used a s gain adaptation nodul e

16 h : Lag.f . di ' ion, th
adaptat 1 or gl Babiah @Rl o AEER bl opfod bieR on s wenahin otigh |
det er m natfrauendtédhandp@init (4y8rsb T8t thE Bandifiéh ﬁ@hiragﬁ?@sépéag?lﬁo%ﬁl-a&gi‘?g

representing a VAD decision is provided to the gain a on no e 16.
Fur t her nors®tedhn themitgbing betwesn the differelitscalintg factorssndy cnsearkhlo frafding i S

—.al so used . Oal tatiqn. After to the hangover. period of the DTX,
the scal i n%gg%%:tﬁ%gﬁgesp%lr%%ﬁﬁeo 3%%? ﬁﬁf@eg‘?ﬁe grqiblefnsienfadt is possiblede vesdin be
used. sThe mueadiptativlirio®ASDS & dRRet Meadhl E&%fa& . id0hof an be
.carried oaut a?gsa%giagg ttg&)the f ol F}cl)vm ng e attpgr@%g{%oﬁgg%esngar ed + (1.0
- a) fit 7FBveNGoEn afftpiaon ofstattst when the dabgovErpaiddwf iBe woick steivityed by

ref erence &%}Rﬁﬁﬁo#j(ﬁ" n %@}L'%fﬁ?%i ag:aFt ation paraneter, given by: a =
(DTX hangover  cournt) 2 nsy or Hipt BEPPYee 2§1gmaliP0 gpiesendiggial to 1.0
because t EADIQechRAIG HRoviGQURlhd Saif AR r apsient from
active to non-active gg%ech, theg%‘r?xﬁﬁ%th&élgj\}%(rzul%éﬂan %e%%lé{e’g}e&%némf% 0.
Thus, dur imoﬂ?ﬁ dxstrc@msiuens ![I'amissid.u (DTRis dlg mﬂf@.ghd’: gzgnlaaqtﬁﬁﬁbt]p rafdit e {
receiyj ng i co r arameters, a = 0, 2 n at_respect,

t he e% anct%ér]rgarl\'fgolvéﬂl%epo r??&lb‘? ﬁ@f ﬁ?‘ﬁpﬁ‘f@ﬁ“&&’cﬁé@mﬁd ¥athpy thy origisglkspeeaddn and
of T rpUL gl Der g et C o 2 AR pRBE R A Bl Il L B , O
det er m ned®¥ A¢rording to @\G?faﬂ@@ingmumqmr: whi ch i ncl udes random noi se gain
paranmeter determ nation and adaptation. During the transient period, the
explicitly determned gain is adapted towards 30 the inplicitly estinated
val ue. During non-a ,4,ayeos§9,gg4ﬂ.(1.gald)ﬂus implicitly estimated fr 551 t he
base | ayer signal. Thus, high frequenty enhancenent |ayer paraneters are

not %ransmitted to the receiving end during non-active speech. |l 0 4 PEAR
of |-t - ' t ' h t t ' t _of t hi gh
P ouone, WARE k: 1beRhiled YRGS bia G05iS By R ence mimeral 115 4nd d S ah ©

adaptation parameter, given by:

o. = (DTX hangover count)/7 T (6)
20 . ‘
Thus, during active speech, o is equal to 1.0 because the DTX hangover count is equal to

7. During 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, a = 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 parametér 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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conponent scaling fromactive to non-active speech proc;2§iﬁég‘aw5 adapt ed
scaling gain grotal, as determ ned by the gain adaptation nodule 16 and
denoted by reference nuneral 116, is quantized by the gain quantization
nodul e 18 as a set of quantized gain paraneters s 118. This set of gain

paraneters 11§h&Beh: ' ' Qﬁ%g | 11, o be
transmtted to a rggg?gﬁg&%@oggsﬁ%ﬁoﬁgr t gﬁ%ﬁ%@%&%‘)&hat t he
quant i zecprgpoinent ssatingrbomratitd ® maradiive spesch grecessing. dhhe atlaptedsbairpopaimat

t hey can_be accessed n gain .ipdex (not shown). Wth the adapted

scal i ng &g &%Wﬁeﬂ%ﬁﬁaam pdaptatinnmodule d fand derotedby rréergureqameanlng
process : ' AWy ' . . esi zed
O anal iRy R e Ao HRRIC 6ol 4 AS RRAL b ol

Fi nat | y, 11$heTloy sdtlof ghingeranisteh 118 espbaiicogoreding theahtodeddaiktieam! fe
up-sarrplgd and.in eragrgl at ed s&gnal received fromthe A-b-S loop in the
encoder . derfianspyited o apepareing gnd fonespdingy Itshanldihg notedthatithe quangiged gain

i ndepen ' f et 4-bi t codebooks .hei ng used to
quant i zgﬁé}glg&tetsre]‘u%iacgﬁ b? P @%ﬁ%loég'%o%\%%gpﬂ%gh% calélgﬁ ,accteﬁse@dg’\ye?rn Thit rate
is 0.8 kimdex énot Tiwewigai N adapt ati on between the explicitly determ ned gain

(fromthe high.. frequency enhancenent | aéierg and the inplicitly estimted
gain (from t h&ifhibe ad scaling 2318 Gera  Hbmbigh dregrencysmdom geise inethear ri ed out

in e e t-he I+ I i.zat | S . sho in Fiqure.3.,In that
s o0 ®, nOEERE po5cest Gl tlsciRl fy SURF I M pBfsiadl B g ssbeSidtiL coi v ng
end is gduning the trangdliigrom detuaipeach o noN-idiveabésthl Finally] the apaRéstiddon can be

carried lé%l onI%/ﬂci n the decoder during the DTX hangover period after the
VAD f | agl% figareRey cgmpaRenie g Addetodhe npwawpled end intgmpalated signahzacetvade, t he

quant i zag} K [ t | rrke IL.n the encoder.and the
gai n adane o non-b3 108l g ORLREE Pl Epdst pRRELREw i ey By BB BT PR

t ransni t owdndependentlydn each Tugs entdframe. Wit Uit dgbsks beingGeed 5 qigntige 25
Equation_ 4. . The esti matgd gain fit can _be determ ned in the decoder using
thelssyn@ﬁé%gbzé%ﬂ%ﬁ@é@ﬁ Ipgampongnt g, teyerpdlht reisObkbilfai n adaptation is

carried out i Qﬂg{ "Werell . : or hse period
before the fi?%% E%lllagﬁ)ge e%%%?é&hﬁggﬁﬁ{ég{%&%%%ﬁl??ﬁgﬁatbg y the
decoder . fréguentcy énhanesmt iyorsy andide, implicitlyestinated Yahi (foat tHebabdRyerc 6E 0der
and transmtted, w tpl]réon t.he gncod,ed bit stream 30 A diagranmmatic,

r epr esentoire G Flepakoi¥3n be camedont Feths caecder befavadthe igawm quentization, as n

Figured.g iAG%Bure BN G, HEE 0Le! a% ﬁ]ayﬁﬁ ' i - kanal 110
fromthe encoded gar anet er%%’l%g% I C %ﬁ%ﬁﬂ@é@%@gh@%ﬁ%%ﬁ;&%&ﬁ%@
excke at | veclymgans iegaaw l@dotih o Equafior 00 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

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

and the gain parameiters transmitied to the receiving end can simply be gscates, 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, gseates is 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 39 is used to synthesize a speech signal 110 from the
encoded parameters 140, which includes the LPC, pitch and excitation parameters 104
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and the gain paraneters 118 (see Figure 3). Fromthe en e ters
140, a decoding nodul e 32 provides a set of dequantize?%ljgésgé@ggters

142. Fromthe received LPC, pitch and excitation parameters 142 of the
| ower band conponents of the speech signal, the post processing nodule 34

produces ang ﬂi&é&ﬁ'ﬁf)a}[ﬁﬂeﬂe&vﬁ@ (Pﬁlﬂgtr%%%gc Wéﬂﬁh@@ﬁ%ogg@%%ig{}w%ﬁ%@gr art

decoder. Froma locally genera ndom noi se, &si ng nodul e

34 pr oducdecading myduin 82 ipredddsiagiet 6f dauenisedd PINsRenktsss 132S EBogMEhe  gain

par amet er s_wh

' jhcludes. t he input signal characteristics of the high
frequency f“&b‘}ﬁﬁwé% Pétgl? ﬂg%??@%‘ll‘f?np;?r@%%%?%l‘ﬂz@@e lowist Ib%ldlﬂs?umnngts of ﬂlwgt ure

-of the degpslBh si3fal o E sh .1 n Fi e 5 the gain
par anet er 3%8 Sla%gl’ glee?g’ %Pg%%ﬁg%cﬁé%?dlnp %’g}ﬁéﬁ% A tsﬂqg%l% loﬂ'lggéq?dg??eq gai n
adapt &t i osigngl, a$ meEptjoraardecedtroBrom A 1od¥lyeReaaied rar@smSkyave) tdhdst gur e 3,

-then the rel evant %nn gdgc? ation flinctionality in the décoder is to
switch t hE"FEHHTPIUq 34 producesithe synthesized high-frequency complorents, bised ontthe

est i mat ed &gk e cH i bRF : . L nni ng.of .the confort noise
period, wet h?utdﬁ%ﬁ%gmﬂ} %%ﬁ?%%th%k@d@@?%? a%‘ée’é‘%‘é‘is of G high Wener | i f
gai n adaprempowenisincpeeched out only in the decoder during the DTX hangover

period after the VAD ,fle(ﬁg provided in the signal 190 indicating the
~ begi nni ng of néheeRsKlized, PepigaressnE sHuetre ofshaderdder3is shovsh brRigdfe 5.

det erqigi neg gt =t : I ng to uagtion 5. . Thim in the
begi Ani ngzgfsimﬁg#%g%nét’ﬁ%%% ggﬁ'\’aglr?geﬁﬂéj%rﬁ%egmgg 2 gHaSedtasiza bk 40
snoot hs oblock38. ff zais aduptatiofiid Prdade cagied Hat RAhS SRl \ i Fii

- denot ed bé]erﬁ%eer nce n?geral 1145, ak?en it does nﬁouglgg’é%%iﬁlemggﬁe?’)

“par anet er SR TelcAaRGFAR Alapiatiop Handdioanlitydn thecteopdet isto swstchriv detmentined: he
0o or (g ool (R it 31, 03nd 40 SH B R SemaaRl See bt B B (e

col oring and hi pass filtering o t he post

pr ocessi nbegimiing 8 theasmEtionoist Perffbd) withofit tHehesd 51 ha v AT9 dE&Eioﬁ%%mapiﬁf essing
of the engoder 10, as shown in Figure 3. As shown, a random nol se
generdat or SFVE: L 199Piten isferded extronty ipithe desoderaturinghe WA harigevero| or ed

by an LP - ' ' n.th ceived  LPC paraneters 104.
The- col or B T e ok e B8 i i1 R o o g pBatoer 54
However ,  siecisigpalsthen thgatdipaioh bodk ekt e Raffg blokdrdy £l random
noi se 134 m@@ef ncoder. 10 (Figure 3) is to produce eip (EqUation 4). In

the post PG U8R Pe Thus, indhe hrsiwdrpekilie distotinpessirindntissien the

artifici abagi@08hHoiodod ce.t he .synt hesi zed high - frequency
signal 160 af tget? B@naéiégﬁ%%ogtgg#ﬁméﬁ} Nia esﬁ'ﬁl?fﬂ CaHng, off t he
13 024 MAGeROGhby 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 int 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 filier 54.
However, the purpose of providing the colored, high-pass filtered random noise 134 in the
encoder 10 (Figure 3) is to produce e, (Equation 4). In the post processing module 34,
30 the colored, high-pass filtered artificial signal 154 is used to produce the synthesized high
ﬁrgqqency signal 160 after being scaled by a gain adjustment module 56 based on the

13




adapt ed hi gh band scaling factor 146 provided by the gain &éaﬁﬁgﬁtzggg nodul e
40. Finally, the output 160 of the high frequency enhancenent |ayer is
added to the 16kHz synthesized signal received fromthe base decoder (not
shown). The 16kHza§‘¥nt hesi zed signal is well known in the ark s It should

be not e@d¢ted highband praliag ifacter k6gavided byrthergainiadaptisioni raodulad0. abinelly, or
spectra ' [ i The decogder post.-pracessi,ng unj be used to
egt i mat gh é{é}dgfa utggpé)@eeﬁg? ﬁeqﬁgqcxgn%ﬁquﬁeg}}gﬁq lﬁﬁ‘i‘feé.tglﬂi"fgl zlse when t he
decoder spithédiedisighabrocsivi@ RonfIMHASE d4B0& (RSt §h|8€vn:9' 9*]1? '@t@ﬁq‘z %ﬁ;‘tﬂk S%@‘f‘ amet ers
mtations, an

for various reasons, such as channel band-" wdth [i he hi gh
band gaisignakis well knewwiindle &1y t he decoder, it is possible to 10 scale the

component o ont PRBRAAGEL 5 8 SRREERDR Fewt fiokh (e deraltpestalideasi ng of op
for car epéongl il estiitidhl Ofhd deBaMa Yokt pROLARESIR hay BY fled’8 Yl fred W deband -

speech codec can be perfornmed in“the encoder or 'S When this
post - pr PeEssts gatsing Eenations dandd. mthelasewberithe deaoddr oh tHearasmisgionl

X t | M.is obtained fromthe high f tsin th
71 cquency kL et PieliuRpagd BB S ol resbRs Mot rBR oche |
LPC col avidth InitatloRn hrl 366 hichilah® GAfh i AGCIQER:PA] BPthelddbodE! TR Brsiff 1851 1 Mat ed

gain factor f n is obtained fromthe spectral tilt the 1*ower band
sy iPhes iseadel theicglased, ihigh-pass dilicomfirand v vide derpirevidingsthg high fépieacyused t o

I ndi cat goﬂggﬁéﬁgofﬁﬁgéﬂ %thlze%gg%b Is in an active speech period or in a
: e

non-activer speec rall scaling factor gwar for the

i i fer ent sp@eshmaary, abpdseprieonil Ach froghils e lolith baglaty 02l | and

the estimated gain factorf w The Scal able ™ hrgh- scal i ng

f act or s SBhancemenitlayes goding in p avidehantlsgesshichder dahdegrciindd bi the esdodessn | n
the rec 'ev%éggdeqnd, the overall scaling factor goo is extracted fromthe
recei ved 25 encoded bit stream (encoded paraneters). This overall scaling

faasor is usavhdnthBGRIsEpidesssifdes R eadantl Eﬂh@_@ﬁéocfek,lg]ﬁggg%ﬂe ; noi se

-generated in the decoder. \WWen the post-processing step rmed in the
decoder SCaRg fecder gratels afiained fromtthe high fisguenny colntpminests ih tenfrdgaendyower - band

synt hesi.zed ' decoder. This .estj in fagtor .can be used
tg scal & é)?g%le}?ib'pe aoﬁgﬁ%?ﬂﬁpgﬁ??@ ?Wﬂ%@‘i‘@%ﬁg’%‘g@%{@é’@%Pﬁe decoder
during d&tietedeasdenenbise. FRalicmbrs RAWSHRa 96# MLRIFIR Sltafed BBl the St at i on

200 according.to_one exenplary enbodi nent” of the invention. e nobile
st at i on SRk eEthsdpwer bandisyaihesized gignal in the encoder. A VAD decision signal

20 isused to indicate whether the input signal is in an active speech period or in 2 non-active
speech period. The overall scaling factor giorat for the different speech periods is
computed from the scaling factor gseaes and the estimated gain factor fosr. The scalable
high-band signal scaling factors are quantized and transmitted within the encoded bit
stream. In the receiving end, the overall scaling factor g 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 fs 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—paés filtered random noise

30 in the decoder during active speech.

Figure 6 shows a block diagram of a mobile station 200 according to one

exemplary embodiment of the invention. The mobile station comprises parts typical of
14




0 4 MAR 2005, the device, such as a m crophone 201, keypadggg%gi spl ay
206, earphone 214, transmt/receive switch 208, antenna 2 B85 ol
unit 205. In addition, the figure shows transmt and receive bl ocks 204,
211 typical of a nobile station. The transm ssion block 204 conprises a

coder 221 th&d [ haemfo? | T oder 1 inclu s the

post-procgssi%‘géggl%%sqna |‘?@ﬁ(§?§%’%{a&é’ﬂ%do er’?ﬂﬁ‘y&i’%’sm@%&i gure 3. The

t ransni ssitensiitgedei @OsvitdhAD8e MiTprinaSH® DEoakrbOnst 2030 %’é&&iﬁﬁﬂ,r%ﬁ%ﬁ@el
|

codi ng, dﬁcigheri ng and nodul ation as well as RF functions, have not
been dr awi? ¥ ERgREandrecgive blogks 204, 21 dyniea) of e ndblilosiatiphl Thé transndsgion ses a

d di 8 | h | i on. .De ' | ock.220 includ
2 oSt - br Lok Q04X enRERR St bt R GoglnB iR w38k gl e CodPrRehietadss The
si gnals comieppst-proveisie fdneﬁ@ﬁﬂi@jﬂ@ftﬁgénco’ﬂgpmjag_@goﬂgie%%n@pfﬂf i cation

stage 202 and digitized in the A/D converter, is ta to the transmt
bl ock  20ARNFISHIOR bIgrki2P4talee copmaishs opstitinpsdeyrined faosprieleddiay, t he transmit

Cransi 1 B g et At Pt B ST DG ot hocaoBmvin Flgnte
ant enna 206Y%or diastys iTheatcdive BI8ck mﬁg@%ﬁ@ﬂ@&mﬁ@%&&%?g ﬁ&%a i n ﬁ)u%iﬁﬁets he |

transmt/recei,ve swtch 208 to the receiVver bloc
t he recei VBENEPynRECcedvae block 328 inchules e pogtmoiasging ndit2he likh #ankbod@digng. The

|t Si | od S .t la, the DA t 212 t lifi
275 a1 AR RE PR The o B o e Bifrpione A0, wOBA It o Lhe
Che user Lrom Uhe Kovbad 205 o) o aeA%0 chfrerdl e P AURAIEHRE L o

the user fromthe keypad 207 anhd gives nessages |
the di spl &}4-3mwicalishie the speeph coding dexjcd eomprised dlyithy trafsniibiflogacgter 10, as

h [ ' e . d,th d d 34, ] in Fi 5, di t
She T nvon astiiSeid, SRS bilFessed SHoRIaT mmd Suahiahb Beitsasmibirskiie s06n cuch
as an or dviaahy trhedneip R ReROEIMR RIS & 1R aﬁ%@hg Qg?ggﬁé éigﬂ%}%' Bg\?éciéi’vFé gs as the

GSM networ k. Figure 7 shows an exanple o ilagram’o )
t el ed8nmuBPEHbE gptenne Worthe trammitreenivt switth 208 & the oeosisRE BRick Qnt, wigeywor k 300

can conprj one_ exchanges or cqrrespondj ng switching systens 360,
to which gr ?‘%‘2%‘39 5 f%%%‘“ﬁf;%g‘ga?‘? B%Fé’ge% deerRiermgrndshe ehanpekdoding. The

control | eresulting spﬂééh@i%lb is tRRRidthedSM Chveda219 o :ai{? CO%H#;%@: fﬁ%h?ro t he

net wor ks are coupl ed. Ile stations 330 can esta
t el ecommuifl FtaRirnaddoMhe voatralhmitMSeontralsithnspcdibn of (BOmMBROsthtich BRCK
unit 322 simlar to that- shown i'n

320, whicly jing! oSt - pr ocessi .
Figure 5, &82%39%%?{3@3%% %ﬁ‘ﬁ%‘aﬁ’rﬁg&% Jeamy the keyped 207 andesivesgeessagesiton
340, 2bor theawpt 8 médns 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 élso beusedina

‘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.

15




0 4 MAR 2005 However, the decoding bl ock 320 can al sa-be@p&dﬁ;ﬁig ﬂ%the base
station controller 350 or other central or swtching device 35

exanple. If the nobile station systemuses separate transcoders, e.g.,

bet ween the base stations and the base station controllers, for

t r ansf or Howgvérithealod@ting booR 326 a&fﬂsw@ﬁla&éﬁnrta@lb&se%%ﬂﬁ%nﬂ:&ie@ 380 Ly pi cal

64 kbi t/s signal s transferred in a tel ecomunication system and vice
versa, tdBegengal orpvitching &yzedsn, foabmpie Iﬁthc,mbblln statioh system asscoder . | n

Sanbe of p%cegee SUAErd e the Basp o i s et R IgBOE ot ch
t r ansf or iEnsfheniagdetodad ﬁfgﬁélftﬁéﬁldv@f &emaeﬁﬁﬂl%ﬂm@@a aﬂe@ﬁbw}@%ﬂﬁcod' ng

bl ock 320 decodes and filters the coded speech signdl com ng
nobi Fe stensigrdisn tel@@mmmaﬁmresystﬂmambﬂe@mma,gh@ﬂewdmgﬁéodqﬂﬂmr red in

t he usua S un f orwar e tel e omyuni ¢cati.on network
300. Fi gll‘.llF(g% fagei ﬁ/@ﬁﬁf' rI I%@F’F%glitgﬁ %‘?lﬁﬁlﬁ %@n‘%‘f@%@@dﬁ’sﬁodl ng,
accordi b6k S t e i i gnal
1001 5 1as e 2 i b Ut Ay ol il (gl ich BRGGHR 0D, 3"7
used at whigh tgmsforms d@t@dﬂd data efverto Bto hﬂam:tsledrﬂatntsu:emgn dlhe Ht€bdimg bloek
current yod .re h or. noi During the speech eriod, the
proc essegﬁf’;ﬁl‘?ciofl?% é]fﬁﬁé’@ ?gﬁﬁ’f@e‘é}bﬁ ‘Wnﬂg o themobya statiep g%t or 114 at
st eRo SWhe@dﬂMﬁekﬂb%cﬁlﬁ *;ﬁ &ﬁb@&ﬁgﬁ&?&fﬂﬂé’%ctoaﬁlﬂﬁa@uﬁs&@ﬁ%& rtificial

signal 152 is scaled w tTh a second scaling ste he process
S repeaﬁﬁwaﬁlmih@wleﬁﬁmJﬂmcahhnnmk3o&r| od. 20 In order to provide the

hi gher freque ents of the synthesjzed speech the artificial

si gnal or rang’c%?f%g&ﬁ‘? CE‘WEIB%SEGU‘P%] thg megthod B0 of Wﬁ?@e‘;@ﬂ%a@ﬁmgm—lz
However , ihehRedeht f raou f t he
sanpl e rat Iébeof lt!tnﬁ\lserﬁg)(i)ldec g%y%si(tgﬁp e. Q%e@%s%h%l ﬂ?ggh?\g/@ﬁ& onéiﬁggﬂbeen
descri beteWaite Aetmtgcl)eibctoaalgonﬂ:m PRk &Bdbatbtfpaﬂzo todfetdriviticewhethérithwi | | be

under st ood Eé agﬂig gﬁlled in the art that the foregoing and vari ous
ot h&r ch’é’ﬁB g 2 By cugrpt RES0H Ze0TeNea1s sRegaheOTmSisH @ffeetther eof

Ry De | TR odilel19Ule AR iRFdi OB D8:AAR Fich 236 RERRSrSlor 1P & gy ent i o0

530. During the noise or non-speech period, the processed artificial signal 152 is scaled

with a second scaling factor at step 540. The process is repeated at step 520 for the next
period. -

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
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 deviations in the form and detail thereof may be made

without departing from the spirit and scope of this invention.
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20 25 30 What is clainmed is: 1. A nethod of speech signal p it or
processi ng an input signal having active speech periods an?ﬁgﬁ%‘%ﬁﬂée

speech periads, and for providing a synthesized speech signal having

hi gher frequency conponents and | ower frequency conponents, wherein the
input signal is divided into a higher frequency band and | ower frequency
band i n eNdwdisaimgAds:speech synt hesi zi ng processes, and wherein speech
rel ated paraneters characteristic of the |ower frequency band are used to
process an artificial signal for providing a processed artificial signal

for further provinethogof §Rebl gben ﬁfdc@my £RBPAIPE R Tpof sithie haGidphbiBri zed
speech, said nethod conprising the steps OFZ scal i ng the processed
artifici appestlypeniodgiand nan-petivetspecchitierigds. aad fur preniding atshethesizadvpecclpeech
periods, & [ t riificlal signal wth n cal i ng
factor duglgﬂgﬁ%ﬁ%g%hepgrgﬁe\%gg%g %r%n%earn flg%l‘g?r f?ﬁ?eﬂ?lgﬁyncongn |t$’§)fh%§é§%ﬁ}eng

factor i simpasigedles distded imtb atbighehfrgh@incy baetiRneweb@athenty bdnd ih Busdirgl gnal ,
and the second scaling factor 1s characteristic of the |ower frequency
band of t R snsseh Syathssizing processrs, anst Wergeisspesch relnted poseBICErNCharsisisBe essed
artificia ' ' I gh- Lhte for i.ql (W d signal in
a frequen%@ﬁ%gﬁg@*ﬁ%@@%@?ﬁ@??ﬁF%k%%’@ﬁgﬂﬁFgﬁgﬁﬁﬁgéghgﬁ%gpﬁﬁgﬁg %ents of the
synt hesi zethcsgedahificRl sikhel forfunthdr oviliny the RighehRégiencyt dengoneagefnty range
isinthe 6.4-8.0Q0 kHz ragge. 4. The method of c¢laim 1, wherein the input

si gndl i s SHItsI75d sBeechy i mgthpd oprsingfhegters ofi | tered signal in a
frequency range..g: %%ﬁ i.Sty.C0f: hi r QH&Q : t he
synt hesi zed spggﬁﬁg a Jgaﬁé%kﬁﬁﬁ§ﬁgﬂgﬁ#??ﬂggg%fﬁb %%%gaﬁgﬂggg%%%ﬁid from
the filtesmsch pergmial ands5. The nmet hod of claim4, wherein the non-active

speech periods include speech ngover peri ods and_confort noise periods,
wherein the sefG#8s SPYC{’)?QSSF‘&W&%Hg&gn%%Wﬁ@ecoflﬁécaﬂ)‘%é@é%re@m&}&q%f’ Ped-al

signal in ; d ref [ ' : ' red
o gnal 7 %&t%\%ffo%%%(ﬂ%ggg@ gﬂl\éf'erm BRM:0d%aliny G5} RhedckHOR §ftfe highte

15 frequency band of the input signal, and the second scaling factor is characteristic of the

lower frequency band of the 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 . afiltered 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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10 15 20 25 6. The nethod of claim5, wherein the | ower frgh%éﬁﬂ@zmﬁ
conponents of the synthesized speech are reconstructed fromthe encoded

| ower frequency band of the input signal, and wherein the second scaling
factor for scaling the processed artificial signal in the speech hangover
periods is also estimated fromthe |ower frequency conponents of the

synt hesi z&d spdéemetipd ofiekainey, Wharedt the(lewen fBzquartercemponeis eeldend scal i ng

factor fo j riificlal: i in.t i se
per i ods 1 &R mseRRERAGHL Roh b Ebiaed AT kol Bl B bl
synt hesi zegnslp@erWherSin théisecoBd fatng Facdrabinichling the ek ARlTicsdl Rignhlia st ep

of transm tting an encoded bit streamto a receiving end for decodi ng,
wher ei n t HE sPrehdwazoier periedsanmlsgestinepied ramahe loner Satvepsy epmporents ot

scal ing fact T thod of claim8, wherein the encoded bit stream
incluges ?%ﬁ ?ﬁ%%%%%ﬁ%%ﬁof t he second scaling factor for scaling the
processed artificial signal in the speech hangover periods. 10. The net hod
of claim8, wherein the second scaling factor for scaling the processed

artificial si ghaf meshasowiadmd. whereiplhe seendisejing facton for spplngbe hod of cl ai m
6, wherei i Sl nd] [ | tilt
Potor debarasaqbinl SEfal e B ol SALEAL kI fbd RpriIERNMA osi zed
speech. 1Peqiidmey vemhattnef ofthaiymbésizedhegeecin t he second scaling factor for
scaling the processed artificial signal in the confort noise periods is

i ndi ddtive of a spectral tilt factor determned fromthe | ower frequency

conponent § of the hesiAse %RE‘E?B : : i Jher ein
the first scaling tactor ;ls further %%ﬁ%%?%hggﬁodﬁ%ﬂglﬁ%@e%%e o
artifici abtreangtrad recdi8ing ofid MRIe20dihg, 5¢Hdein the encoded bit stream includes data

indicative of the first scaling factor.

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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15 20 25 30 14. The nethod of claim1, further conprisi ne WEW of
provi ding voice activity information based on the input sﬁ r
nonitoring the active-speech periods and the non-active speech peri ods.
15. The method of claim1l, wherein the speech rel ated paraneters include
| i near predlctlve codi ng coefficients characteristic of the |ower
f r equency lband The methodiaislaim 1s fugihar commprising estepiof prayiding veisnaeiier and

recei ver BYSAEMChRaans ol AhuRORASSRbARAR ud ARHEBLOIS R Agact v

speech perio an non-act i gech perio

synt hesi zagh-ageeaheshgrabdhavi ng hi gher frequency conponents and | ower
frequency conponents, wherein the input signal is divided into a higher
frequency band and a | ower frequency band in the encodi ng and speech

synthesizh 89 PHACERHeS f\M]agrhei' nglgféﬁ? @@ecﬁ&&gﬁed §Q{aﬁ{€’?etrseﬁ1§1uﬁ§%@a9t eristic

of the |ower frequency process an
artifici abregicqginakoding bdj’ﬁ:ﬁbleﬁtelchﬁ‘actfaﬂs’tlcpff(ﬂdd ldw&gfrt:dp&nhy ek offthepency
conponents, of the synthesized speech, said systemconprising: a first

means in €88t ransnitter, responsive to the input signal, for providing a
first scaling factor characteristic of the higher frequency band of the

i nput signal; a decoder in the receiver for receiving an encoded bit stream
fromthe flbansmi dpcech signih aaeintitithedaoadete dydérh foitaneading and décodinighe speech
rel ated paranet i ncludi ng data |nd|cat|ve of the first scaling factor;

and a°secdmyt Fﬂgaﬁiﬂwg@ﬁ%‘@r %’E‘é‘i}m@ﬁo } exhstslive spresh pettflsaf Ao pdignet er s
, f d '
or pr aﬁmhw%éa m?&rﬁmggnapﬁdva Scfffy quéald ch oﬁééﬁ:lr éﬂaqo&r@eﬁ BIRAGSSE

artificial Signa sec al’'ng fact the n tive
speech peromgdsncats whemin thy itgue sqgnaﬂaedszedzhd iatota H1glmﬁfeqs¢rgy&hnd\aﬁd1a tolmer f i 1 st

scallngf ctor d heatlves h rlods V\,herelnthe flrs al i ng
fact or r@ﬂ‘éff“éﬁ @‘i“{]‘gitt {nﬁémﬂl 5??@13 YfF ﬁ%?é%?roﬁ%ﬁ%%&f e?%sﬁeﬁﬁhlfe %‘?‘Gnal
and the E%ﬁiéﬂa@%ﬂc‘f&sﬁ@%f‘ﬂfc lbﬁercﬂ@];u ahﬁtofﬁleQB%ﬁt@\%;'ﬁpéﬁ’@ﬁséJ gduency

Sys cl

band of the input signal. 17. The ai m 16, erein the first
meanstSc onpracsgssanaarfifi¢ivlesigmg imtbe ns:ei‘ver for Iprcghdlpgﬂﬁe Higher drebyngncy lkemipomants si gnal

cor  spondl TG FatesiePhsy B4 SRRy BoNPBnent s of the synt heei zed speech.
glngna\lNher ei n t beirkih&dns %Pﬁl'e 'tﬁgsrﬁﬁ@ ,Q6spbisi®Std ARt EiERM fobBrdvidiheh Bkl nput
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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B
19 0 4 MAR 2005 5 1 0 15 20 25 30 18. The system of cl ai mgléi,’?%gﬂﬁn t he
frequency range is inthe 6.4 - 8.0 kHz range. 19. The systemof claim17,
further conprising a third nmeans in the transmtter for providing a
hi gh-pass filtered random noise in the frequency range corresponding to the
hi gher fr uen(ﬁ{ conponents of the synthesized signal and for nodifying the
first scalfng rhadstm ghdain bh wheseinthmigousacyianges aythe Sthodd kbizdangero. The
system of claim 16, further conprising neans, responsive to the input
signal, for nonitoring the active and non-active speech periods. 21. The
syst em of 12l ai ithd ystdnunf tleim tHrftheicomphigiag a, thit® Sieamksin \tiee transinigerffor st
scaling factgr, fo royj ding an encoded first scaling factor and for
i ncl uded a@tvgg?%aL%pr%%ghﬁre@ F?éﬁo’é‘ﬁ‘é’é%?éa the frequencypngicoreer g ip dhg he
encoded bj WE Tk : i her
compr i n AR b e n st iR BF YRR AR et T8 an
encoded f facsir baseall dnthe himbtpess Aheted omdbmaloisded dat a i ndi cative of the .
encoded first scaling factor into the encoded bit streamfor transmtting. .’
23. An encoder for encoding an input signal having active speech periods

and non- agti venspREGH oPaLInPYS, faﬁﬁertctaﬁlphemgtrne%hyn%bpdnéiv@'tat&%%dt@@ﬁa@

hi gher frequency band and a |ower frequency band, "‘and for providi'ng an
encoded bfar meni@aing deraciive ambnapasich speichpedodspar anet ers characteri stic of
the lgwer frequency band of the input signal so as to allow a decoder to
use the speech related paraneters to process an artificial signal for

provi di ng21t heThs §i&im bf QaME NS HuARIRBAPRLRD. Heahf S ALIRER) RS RERGR. and
wherein a scaling Tactor based on the | ower frequency band of the Tnput

si gnal i sfaggedfor proyedihgan preeoged st seating Sactdrfaind ifed inglidgrbdatalindicagve bithe
non-acti ve_speech per.i ods, sai d, encoder. conpri sing: ans, responsive to
t he i nput e%ciog ﬁ‘gﬁ,mt gcdallmﬁ i?%ﬁﬁo-rdﬁ{?gh‘f ?rfctog?ci h‘@ St?‘%@ ?%ﬁ‘%{mg’i | for providing a

hi gh-pass filtered signal in a frequency range corresponding to the higher
frequency conponents of the sgnthesized speech, and for further providing a
furtRér = 3dal i hbe Festamopf Paise d9,dhrthdrsompribing assns, irbspengve i tha fikst seating

factor, for providing an encoded 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

20




means, responsive to the further scaling factor, for provig%ngﬁgnz coded

signal indicative of the further scaling factor into the coded™Dbit

stream so as to allowthe 20 0 4 MAR 2005 5 10 is 20 25 30 decoder to

recei ve the encoded signal and use the further scaling factor to scale the

processed artjficial signal during the active-speech:Periods. 24. A nobile
a

station, WRTAIRT fosees raigencedsd sieankamdiusa hedibusgalbig fogor Wantle % decoder
for provi k&%ss%é{’A&Hf‘c?dl%gg,aﬁcﬂﬁ%%ﬁhé‘éeﬂv@%g@cﬂgﬁgo ibsiogd conponent s and
ts, e encoae

| ower frequency conpon rein th bit streamincludes speech
data indicative of an input signal, the input signal having active speech
periods a non-actjve periqds and divided into a higher frequency band
and Iovverggr eqd Wé’i?ﬂ%%lfﬁ o, Bl qrippgeddp enHniy ag sncogﬁﬂgbﬁa%%m%}%@éw@ at ed
par amgt er $,,GhaiattalhikicePfpebdh lvﬁigﬂﬁ Gok@Put  signal
So as to a?ﬁ%ﬁlﬁﬁgﬁggco&é? 6 prébl e %%%?ﬁgﬁgﬁyfgggggﬁ%vﬁgbﬂponents of the
synt hesi z édqeprgchmpases, swhetdie thepaented b satead ipdudmssparch damridditaiveatfor an

artificial signal based on . th sPeech rel at ed raneters and t.o.scale the
col or ed arP i Pigpals g B gl hev NI EPpelt PBIOds BRS Bep B ermeripdiand
frequency JeQiRCRRIY Bighlr Qe Vg Shd Bflve %gg%cg bahd, ﬁeﬁé{h HeNGedRGlafl gher

frequency conponents of the synthesized spe urin e non- active
speech pemnahgdss spexich refoted perastetrs eharectapsticsifiig losvef freqemey basipafiibé input o t he

i nput_ signal ,, for high-pass filtering the input signal in a  frequency
" angé-"cor P RLBoY 2He dhcdaspefias P’F"r"gdcﬁ}EﬁW‘gg?‘?ﬁB ﬁfgma?nqn%ofr&ﬁﬁt hesi zed
speech, a @ﬁltﬁéﬁizeﬂfsﬁ%%cﬁiﬁﬁgerﬁoﬁ e bhRch faaka B&aﬁ@&l}g EndRS&MorOR drfieill sﬁg}fap ass

filtered i hput sig ; a quanti zation nodul e, responsive to the
further sbasadmyp thaspeseh rélged parewmedisapddn scandodebral gtifitial sigiad atiihve of t he

further scaling factor .in the encoded bit stream.so as to .allaw.the
decoder  t SCutraectgi b egich e oule REngy LB ey Aise et s dfoech
periods Basedng thd Kehdrurdgisicy eelpbidhtd GCthe gyntlgéize&\@péae'cﬁ QBAhg B mdn-
t el ecommuni cati on network, which is arranged to receive an

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.  Anelement 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

{requency band of the input signal, and wherein the lower frequency components of the
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encoded bit stream containing speech data indicative of aﬂQ|Mﬂngﬁpnm
froma nobile station for providing synthesized speech havi ng higher
frequency conponents and | ower frequency conponents, wherein the input
signal has active speech periods and non-active periods, and the input
signal is divided into a higher frequency band and | ower frequency band,
wher ei n t haitkgsized Epegak arc meyidekbassper ehe spe¢chireliodammatesssashaeaeiter i stic
of the Ig&@ﬁﬂgégquency band of the input signal and gain paraneters
characterrstic of the higher frequency band of the input signal, and

wher ei n the | owsitstinicRbaenayreSsmBien ent® fafn pdaneddrsOfof pNIRLIRE 0 Firs ¥erlingsi zed
speech are provi ded based on the speech rel ated paraneters, said el enent

conprisin&@“ﬁ;first mechani sm responsive to the gain paraneters, for
providing a fi ' fac e n'ﬁg? i.ve to the
speech reIated5géﬁgﬁg%ggg?gﬁﬁ%%%?ﬁfggg?%%éﬁggﬁggﬁﬁ%gés ‘?ﬁ?@@ﬁﬁ%még
artifici abndhighabss filtering@viatti fivgal 3igaynfob privediagn e syitidsigeadhigt pdsefidtered
artificial sjgnal; a third mechanism responsive to the first scaling

fact or anéﬂﬁﬁéﬂ§$€@éh data, for providing a conbined scaling factor

including the fj [ r rIsL I
frequency bandE%%ﬁ?ﬁ§£?%%%gﬁéggﬁgﬁ?%gﬁﬁqg&ggggﬁgﬁggg?%ﬂgef g¥ﬁﬁgi§%gd on
t he first pso@linggchabined sauditig dadiairihéleding pleefift Joaling Sdtop ahan®edstic of the
characterjstic.of the | ower. frequenc conponent s, of the synthesized

speectl; aftehsr Feanensy ool thesinputsisngh sad ¢ seqopd spaingyfacipiclased amthediteh- pass
filtered b iecd i i Lng; f K i ng
the synt heeh Be LA andd @RR: PATh DG VBhIRE ARG LS A PonertiellRy, 1Y,
and secondompatentpiitactyottested ipegelaehive speech periods and non-active

speech periods, respectively. 20 25 30, 26. A decqder for decqding.an
encoded bit st aé%@flﬁa?*@ats EesgPnSiYF tpﬁwynéhe@ﬁap_g RS e _@gﬂgﬁ?zech
periods agdnRoRaakd HeoiRRERAInPREIRIRr {Qlin ﬁ‘f?:véiyﬁfrl]l@ﬂs @pﬁghﬁbﬁﬁ figdepPEECH
signal, the synthesized speech signal having higher frequency conponents
and 1gwer artificed snelywitlothediretrand seauind sedlimgtfhaoiidyhiag attivegpesuhypetiodparient s

are synthesized usin an.artificial signal, and wherein the input signal
is divi deB"’il'ﬁ‘E‘fb"eaSPﬁ‘nglH&Pofl%éﬁ*@%ﬁ&fﬁﬁfband

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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and | ower frequency band in encodi ng and speech synthesizing processes, the
encoded bit streamincluding first data indicative of spedﬁﬁ Mﬁﬁa@@ﬁ
paramnmeters characteristic of the higher frequency band of the input signal
and second data characteristic of the |ower frequency band of the input
signal, said decoder conprising: a processing neans to process the
artificiap7sigH§Fd§§§§H&§ﬂmﬂh%§ wihshqo@akigngf or  providing a processed

artificial sig e i . . rtificial
S gnal “with o PSR g SRPLRRITARS pioltes AP BUEU SORLPERTRENET
active spéthpped filts sigasidn hdreqaealyirigzetdherapleficssate hightr fréquieady Si gnal
with a second scaling factor based on the second paraneter data during the
non- act i vEORPREEE ?féﬁ,‘? Sthesrod gpegchpignaloos 27. The decoder of clai m 26,
further conprising: a filtering nmeans, responsive to the processed
artificial signal, for providing a high-passed filter signal in a

f requency 28angédhe daccalet eff dlati 26, ofhetdie thei lgher fréqueagyadagyponetspdthent s of t he
synt hesi zed eech signal. s 28. The decoder of claim 26, wherein the | ower

f  equency SEBHPHIERPECh F1enplare SrAPHBKTCACEPns poekdoded e fizarency danselr et ed
from an epcoded,dioner wﬂéraﬂl{ﬁ@fe}éom&qliﬁ 4R for sgﬁ)l‘rﬁ ﬁ? %ﬂﬂ:le seﬁ‘@ﬂiﬁ@fﬁ?r ein the
I ng argtl ? Sl gha

second scal'ing factor for sca the processe cla IS
est i mat ed signalns t$endted@omfthe tpven dyeqoonp campbisenaf ofttheseyhesiresd spech sipedch

signal. 23
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