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In digital telecommunication systems supporting
speech transmission, a speech signal is usually subjected
to the following two coding operations: speech coding and
channel coding. '

Speech coding includes speech encoding carried
out in a transmitter, performed by a speech encoder, and
speech decoding carried out in a receiver, performed by a
speech decoder. The speech encoder provided in the
transmitter compresses a speech signal by employing a
suitable speech coding method which takes into account the
special characteristics of the speech in such a manner
that the number of bits used for presenting the speech per
time unit decreases, whereby the transmission capacity
needed for transmitting the speech signal alsc decreases.
The coded speech is presented in the form of speech coding
parameters representing the characteristics of the speech.
The speech signal transmitted over the transmission path
congsists of these speech coding parameters in special
speech frames. The speech decoder provided in the receiver
performs an inverse operation and synthesizes the speech
signal on the basis of the speech coding parameters
produced by the speéch encoder. For instance the pan-
European mocbile communication system GSM (Global System
for Mobile Communications) employs RPE-LTP (Regular Pulse
Excitation - Long Term Prediction) speech coding, which
utilizes both long and short term prediction. The coding



30 signaf on the basis of the speech coding paraneters ' pr oduced

by the speech encoder. For instance the pan- Eur opean nobil e
communi cat i on syst em-GSM-{&-obal System for Mobi | e~Gemuni cati ons)
enpl oys RPE-LTP (Regul ar Pul se Excitation - Long Term Prediction)
speech codi ng, which 35 utilizes both ong and short term prediction.
The codi ng WO 96/27183 WO 96/ 27183 PCT/FI96/00116
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LAR, RPE and LTP paraneters for speech transm ssi on.

In digital telecommunication systens which transmt speech,
transm ssion errors occur on the. 5 transm ssion path, such errors

deteriorating piedquabityar, RPBf andspaerth spgratetdrs hefpeceigilech
Channel codi Ng¢ranemi Hﬁxl;“des channel encoding carried out in the
transmtter ana ¢ ahnel decoding carried out in the receiver. The
pur pose of channel codi Fg i 8i8dtadot ceelecammyniqatdapeesstems oddichg
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The operation BRYRRg@Rf chamned icodiagedsoho protecl tarangwidited tspeadbed
among speech ceddpfgbidits SUsdirameters) from errors occurring on the
transmission channel. By means of channel coding, it is
possible either to merely detect whether speech coding
bits have been subjected to errors during transmission
without a possibility of correcting them, or channel
15 coding may have a capability of correcting errors occurred
during transmission, provided that there are fewer errors
than a certain maximum number which depends on the channel
coding method. The operation of channel coding is based on
error check bits added among speech coding bits, such
- 20 error check bit being also referred to as channel coding
bits. Bits produced by the speech encoder of a transmitter
are applied to a channel encoder, which adds a number of
error check bits to the bits. For instance in the above-
mentioned GSM full rate transmission channel, error coding
25 bits the transmission speed of which is 9.8 kbit/s are
added to speech coding bits of 13 kbit/s, the total
transmission speed of the speech signal on the channel
being thus 22.8 kbit/s. The channel decoder decodes the
_ channel encoding in the receiver in such a manner that
30 only the bit stream of 13 kbit/s produced by the speech
encoder is applied to the speech deccder. In connection
with the channel deccoding, the channel decoder
detects/corrects the errors occurred on the channel if it
is possible. '
35 The significance of speech coding bits as regards



20 error check bit being also referred to as channel codihg bits.

Bits produced by the speech encoder of a transmtter are applied to a
¢hanrnel—eneeder—whi-eh add bits to the bits.
For instance in the above- mentioned GSM full rate transm ssion
channel, error coding 25 bits the transm ssion speed of which is 9.8
kbit/s are WO927Mded to speech coding bits of 13 kbit/s, R(EF¥MI6
transm ssi on speed of the speech signal on the channel bei ng t hus
22.8 kbit/s. The channel decoder decodes the channel encoding in the
receiver in such a manner that 30 only the bit streamof 13 kbit/s
produced by the speech encoder is applied to the speech decoder. In

connection thei ghalite of peeaih usialdy variestie sudlialanneteaodar

detects/correctg.th orSe O rr on,l he hqﬂge j f .t IS, o

possi bl e. 35 an’ "Ertbt 1%% sq,)lq’l:::;éni ?’ﬁgan%;el. o?ﬁs e c%récac?cﬁ ng’mg’let"’g'1 a§°rdé'd‘§r ds
WO 96/ 27183 parameter may cause -an audible disphurbpnge/ dm] sgynthesized

3 ]Ehe qualicéy OwWhépefeh alsuptdatetar ifmbelt SWEh aramger ihhalless

an error one, speech codin . patangter ma '
cause an g’udi bl égg%’gkg?ggkr’\#e?%\ ]g;%ﬁ h%g'?oz%d 1%‘“%‘*95&?”%8: %&rgggr&eg}/’gat er
nunber of errordifferesgess in ithsor dmrerbanse st beRdamist codiaacepbitsl e.
The degree of dependsdess&iteidiaSy idh ithe UHY spaeehOboaRAgCReERSHNILALE S

i por di £ er enchb ASASSe AR 11 TBRERodR B 2ouBS iR TRYhoAESEAs o
this, in devel opPRing dfMetheidsi0 Duet rtmskihdsi, oninetdaxelaningmela ceperghi s
usual 'y desi gneg¢iransmission method, channel coding is usually designed
with speech coding in such a manner that those bits which
are the most important as regards the quality of speech
are protected better than less important bits. For
instance in a full rate traffic channel of the GSM system,
15 bits produced by a speech encoder are divided into three
different classes with régard to their importance, the
most important class being protected in channel coding
both by an error-detecting and an error-correcting code,
the second most important class being protected only by an
20 error-correcting or an error-detecting code, and the least
important class not being protected at all in channel

coding.
- In conventional telecommunication systems;
erroneous speech frames are usually handled as entities,
25 which means that if such errors are detected in a speech
frame received from a transmission channel that channel
decoding has not been capable of correcting, the entire
speech frame is rejected and the error-free speech frame
received last is used by attenuating - or suitably
30 extrapolating the speech coding parameters. For instance
the GSM system employs one three-bit parity check code, on
the basis of which the entire speech frame is classified
as erroneous and the processing of erroneous speech frames

is started.
35 Figure 1 shows a schematic block diagram of a
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4 received speech frame 100 that the channel decoding 101
10 has not been capable of correcting. The speech coding

parameters are further applied to a block 104, in which

the parameters are processed. The processing typically

includes a system replacing the erroneous speech frames.

The processed coding parameters 105 are applied to a

15 speech decoder 106, which synthesizes a speech signal 107
on the basis thereof.

The applicant's previous patent application

FII944345 (unpublished on the filing date of the present

application) discloses a system according to the block

20 diagram of Figure 2 for processing coding parameters in

the block 104 accordihg to Figure 1 between the channel

decoding 101 and the speech decoding 106. Speech frames

401 arriving from the channel decoder are first analyzed

in an error detection block 407. By means of the analysis

25 of the block 407 and the error indications 400 obtained

from the channel decoder, a speech frame is classified as

erroneous or error-free in a block 410. The block 410

adjusts a switch 408 on the basis of this information, the

switch deciding whether the processing block 406 of error-

30 free frames or the replacement block 402 of erroneous

frames is to be switched to an output 403. If a speech

frame is found to be error-free, the switch 408 is

adjusted to a state 2, in which the speech frame is

applied as suitably processed via the block 406 to the

35 outpu't 403 and from there further to the speech decoder.
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15 ' An advantage of the present methods is their

relative simplicity. Received speech frames are processed
as units, and even if the replacement of erroneous speech
parameters with error-free parameters and the processing
of error-free speech coding parameters are controlled
20 according to the quality of the data link connection, this
is done jointly for all the speech coding parameters of a
speech frame. Thus, only one replacement procedure is
used, for instance one in accordance with the GSM
specification 06.11, the replacement procedure controlling
25 the processing of all speech coding parameters, without
taking into account that channel coding usually protects
different speech coding parameters to a different degree,
whereby the distribution and frequency of errors contained
by different speech coding parameters may vary. A speech
30 frame = may be interpreted as erroneous and
replacement/attenuation of the speech coding parameters
started if the speech frame contains even one error. The
output of the speech decoder may thus be attenuated or
silenced altogether only because single protected. speech
35 coding parameters are erroneous in a speech frame.
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15 uncorrected transmission errors, which, on the basis of
tests performed by the applicant, causes the most intense
and unpleasant disturbances in the speech synthesized by
the speech decoder. '
Disclosure of the Invention
20 The object of the invention is to process speech
coding parameteré by attempting to maximize, in speech
coding, the amount of speech information obtained from the
transmission channel and to minimize the effect of
erroneous speech coding parameters, the effect of the
25 transmission errors on the gquality of speech thus
remaining as small as possible.
This is achieved with a method for processing
speech coding parameters in a receiver of a
telecommunication system, said method comprising the steps
30 of receiving a coded speech signal via a transmission
channel, said coded speech signal including speech frames
containing speech coding parameters; channel decoding the
speech signal, erroneous speech frames being detected and
indicated in said channel decoding; processing parameters
35 of the erroneous speech frames on the basis of the

h
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error-free, the attenuation and repl acenent being thus al so
performed on such error-free speech paraneters, i.e. they are
per f or med too 5 pessim stically, which causes interruptions in the
speech signal and deterioration in the quality of speech. Al so,
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invention is to process speec coding paranmeters by aftenpting to

maxi m ze, in spEEame; cont¥Rlhing t HhenPrecegeisgecfh | AFEPEafre® o804 ned
fromtheio erroneous speech coding parameters independently on each

virtual transmission channel according to said determined
quality of the virtual transmission channel.

The present invention also relates to a receiver
for a speech signal, said speech signal including speech

15 - frames containing speech coding parameters, said receiver
comprising a channel decoder, means for processing speech
Erames, and a speech decoder. The receiver is

characterized in that the means for processing speech
frames comprise a dividing means, which divides the speech
20 coding parameters of a speech frame into N groups, each of
which contains one or more speech coding parameters, N =
2, 3,...,; N processing channels, each of which processes
essentially independently one of said speech coding
parameter groups one the basis of the quality of "the
25 speech coding parameters of said group and/or on the basis
of error indications obtained from the channel decoder; an
assembling means, which assembles the parameter groups
processed separately from the parallel processing channels
back intc a speech frame, which is applied to the speech

30 decoder. _ .
The present invention also relates to a method
for processing speech 'coding parameters in a
telecommunication system, said method comprising the steps
of encoding a speech signal by producing speech frames
35 containing speech coding parameters; channel coding the



transm ssion channel and to mininize the effect of erroneous speech

codi ng paraneters, the effect of the 25 transm ssion errors on the
quality of speech thus—— remai ni ng as swall as possi-bl e. '
This is achieved with a nethod for processing speech coding

par aneters in a receiver of a t el econmuni cati on system said
met hod conpMOA63FIMWhe st eps 30 of receiving a coded specPGI/ENGPMMI6 via a
transm ssi on channel , said coded speech signal including speech
frames cont ai ni ng speech codi ng paraneters; channel decoding the
speech signal, erroneous speech franes beigg detected and I ndi cat ed

I n said channel decodi ng; processing paraneters 35 of the erroneous

speech franes speedhhe firames ahd th@ding error cHARKO6MAELS3 thereto, .
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The pregent inyenttRatalso tekat ERakMeP '@EINE of the speech frames

comprises the steps of al) dividing the speech coding

parameters of a speech frame into groups of one or more

speech coding parameters, said groups forming logical

virtual transmission channels; a2) performing error-

15 indicating coding independently on each virtual

transmission channel; B) the processing of the speech

frames at the receiving end comprises the steps of bil)

determining the quality of each virtual transmission

channel independently on the basis of the error-indicating

20 coding, b2) controlling the processing of error-free and

erroneous speech coding ba_rameters independently on each

virtual transmission channel according to the determined

quality of the virtual transmission channel.

The present invention also relates ¢to a

25 telecommunication system, in which a transmitter comprises

a speech encoder, which produces speech frames containing

speech coding parameters, and a channel encoder, and a

receiver comprises a channel decoder, means for processing

speech frames, and a speech decoder. The system is

30 characterized in that the transmitter comprises a coding

unit, which divides the speech coding parameters of a

speech frame into N virtual channels, each of which

contains one or more speech coding parameters, and

performs error-indicating coding independently on each

35 virtual channel, said means for processing speech frames



for a speech signal, said speech signal including speech 15 frames
contai ni ng speech codi ng paraneters, said receiver conprising a .

Th ; ns for processrngspeech fr-ares—ant—a— speech
decoder. The receiver is characterized in that the neans for
processi ng frames conprise a dividing nmeans, which divides the
speech 20 aggg’g?% paraneters of a speech frame into N groﬁ'ﬁ?’,n%&’e}i‘of

whi ch contains one or nore speech coding paraneters, N - 2, 3,...,; N
processi ng channel s, each of which processes essentially

I ndependently one of said speech coding 9 par anmet er groups one the
basis of the quality of the 25 speech codi ng paraneters of said group
and/ or on the Basia receivey further ndowprisnsgot Fimvesaiony tdlkanhabse!
decoder; an  eachass£milHikk ngﬁaéesa@écfh@s%‘e%ﬂiﬂmq t‘i‘ﬁd@ﬁéﬁaﬁhﬁi gH
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met hod corrpnsg g t he _st ?‘H encodi n ech Signa by proar'm ng
speech frames 38*P9 GRtS :f'ﬂﬁdsp%‘écl‘fﬂ&%dl b%lr t §XFOIhadbicatskamy t he
W96/ 27183 generated by the error indicatiorHeéd/6DH1the virtual
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speech franes a data |ink conne to a receivin
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t he spedfh si gpabcessed parameter groups from the N parallel processing
channels back into a speech frame, which is applied to a

speech decoder.
The basic idea of the invention is that a
transmission channel and speech frames transmitted thereto
15 and received therefrom are not processed as one unit, but
the speech coding parameters of a speech frame are divided
into groups, in each of which the processing of error-free
speech coding parameters or the use of erroneous speech
frames is controlled independently. This is based on the
20 fact that usually, speech coding parameters transmitted on
a transmission channel are protected according to their
importance, error distributions and frequencies in better
protected speech coding parameters thus differing from
poorer protected parameters. Transmission errors are not
25 distributed evenly in the bits of a speech frame, either.
Thus, it is conceivable that instead of an actual physical
transmission channel, each group of parameters or even a
single speech coding parameter provides an individual
logical *sub-channel" or a "virtual channel" within the
30 physical transmission channel, such a virtual channel
having different characteristics than the other virtual
channels. Thus, on each virtual transmission channel, the
processing of error-free parameters or the use of
erroneous .speech frames can also be controlled
35 independently according to the quality of each virtual




5 erroneous speech frames being detected and indicated in said
channel decoding; processing paraneters of the erroneous speech
frames on the basis ef—thke—previous speech frane or--speech franes; —_
and perform ng speech decodi.ng on the speech franmes. The nmethod is
characterized 10 in that A) the channel coding of the speech franes
conpri ses tWREHBEL of al) dividing the speech coding Pc’ﬂ&ﬂﬁﬂﬁﬁers of
a speech frane into groups of one or nore speech codi ng paraneters,
said groups form ng | ogi cal virtual transm ssion channels; a2)
performng error- 15 I ndi cati ng codi g I ndependently on each

vi rtual transm ssion channel; B) the processing of the speech

frames at the teanswmisgiendolapl.sdhe proesadingf ofilthe speecHetedfihgi ng

the quality of ﬁgggllﬂei\.’.éfé ug'k Lrﬁgéﬁ%gs{r??tual tra.ﬁ%?f@ £1 ol Qﬁﬂé’fn&bé{son

the basis of t error-in ontr
processi ng of EPFth$?é§“5h&° be °°EFFB%%%@§3 & &R ﬁBepaPaﬁéFHrgf
i ndependent | y Qheea@borest wiirtual tmananmﬂss&bnchannmheacconﬂnﬂg thet he

determngd g e% n’néélt: %r&@@dx‘{*ét%h téﬂ?%ﬁééoﬁcﬁp ghPClene petter

The present 1in ecommuni cat1 on
system in mhlEﬁoﬁegFﬁﬂ%n?ftEhecBﬁﬁF?%%stransm1§§§%%eEhP%ﬂ%bd@??cﬁﬁﬂéﬂ
produces speecxf tnaESaeantnaﬂlegrors hag@enst sOchfedanEie srefndf a

channel e”COdeéalé‘”Ql?:ual chart eell py t&%”%?e%%ﬁhé SHQ”QS'bé;héPQEQ%.sé@a”S

for processing peech decod emis 30
characteri zed Phetﬁatth% ﬁ:ll'lﬁn§9¢??brp%¥)?mﬁﬁ% of gsaAnguality iﬁﬁhﬂ-ual/\,hl ch

di vi.des 1lphe sper&hnéDsliol) spapeetheffané which is Hlaseliffiedn®si ehoidelyrtual
channel's, eac he:%toﬂ‘@é&g in coﬁpé}{tq.cﬂisa Oggattzglﬁs @Q\ € pe pﬁg%@esggg'

paraneters, an érforns error-ind I ng i hdependently on
each 35 Vi r@mrcﬁemelby Fepdagitagsorty fﬂre)mqbgcgﬁees hP3¥npkers
WO 96/ 27183 of poor-quality virtual channels. HCH&|HiGHdéeible to -

_ also utilize part of the information of erroneous speech
15 frames, whereby the use of speech information received
from a transmission channel in speech decoding can be
increased, which reduces for instance interruptions
occurring in speech as compared with a situation where all
speech frames erroneous even to a slight degree were
20 discarded. The increased and more focused error indication
alsoc reduces the number of undetected errors and thus
reduces significantly the worst audible disturbances.
In the invention, the quality of a physical
transmission channel, and also that of a wvirtual
25 transmission channel, is determined by monitoring the
gquality of received speech coding parameters on the
channel concerned during a predetermined monitoring
period, which is longer than the duration of the speech
frame, preferably a plurality of speech frames. The
30 quality of the transmission channel may be determined as a
cumulative function of reliability indications calculated
from speech coding parameters received during a monitoring
period and those obtained from the channel decoder. The
simplest way is to calculate the cumulative distribution
35 of error-free and erroneous speech parameter groups.




9 in a receiver further conprising N processing channels

each of which processes essentially independently the speech codi ng
paraneters—of —one-—of sal-d—yitrer trarrsnssTomchanmets
according to the quality of the 5 respective virtual transm ssion
channel, said quality bei ng determ ned on the basis of error

i ndi cati ons WO9627183ener at ed by the error indication codi ng DFFFRE0ANG ¢ 4|
channel concerned in a predeterm ned nunber of 'speech frames, and an
assenbl i ng means, which assenbles the 10 processed paraneter groups from
the N parallel processing channel s hack into a speech franme, which
is applied to a speech decoder. The basic idea of

the invention is that a In the prefieartiesseabodiment|ofitthes fgnenticmethe

transm tted thegg lg of AULH CPELUGH {BREAREOMIET 8180 HELAT oS alne
uni t, but- eéch codi ng Sara speech trane_are diyided

into groups, i neééi-émaeﬁ Wi cehe n é&b!ss‘?fngtBF @F‘tt&lref rEgceived spgeehn
codi ng par anmet eggame,t hei use otherr qiplityspesfh the edtiames physical
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speech cod ng p ransmi ssi on channet are
protected accor 8hag at®exhdineech codifshrPaFREEteNs RT JPRTAPELET 0HECOYRE-

frequencies in Bektekhe qualﬂf:?t e€t eHespehel eagtugl pehanmébss dhuwhich

differing from a r n s;are
Ox 5579 Lo e, maBRGh oAl SRLReRE R Ebeed 0o oSl npaileua
Thus, it is condepeaﬂaettﬁex imﬂﬁ%ﬁ&?(ﬁu%uFQnﬁnB%rfﬁﬁw§Fc&PeeCh decoding
transm sgigon chapaehtigach group of paraneters or even a si ngle

speech codi ng parameter proyvides_an Ny L Vi d u el"
or a "virtual channel” mﬁ hFhetREegﬁn 1ﬁﬁe§€%%. T 13 af $ﬁ$%§€%n°§ gaEQ?Qf
such a virtual repaagement of maﬁ9¢gphhﬂ#&mﬁuﬂhu§h§P§6FePP§FFcéntﬁaﬁefﬁe

OLher virtual  jndep EH?QH@'ﬁar?buéf fReCapBe¥h! tHahe | I BhésSe Spadts Cbaing! ,
eech 1 PaocaRig) Blghce, 1L ST AAT et b cppracy B ge0Ls

to the gad ity bheeachev|paxm$, if required. Part of an erroneous speech

frame can thus be used if the quality of the respective

virtual channel as determined over said predetermined

period is sufficiently good. On the other hand, part of a

single entirely error-free speech frame may be discarded

20 if the quality of the respective virtual channel during

the monitoring period is sufficiently poor within the used

monitoring period. If 50 speech frames, for instance, bave

been erroneous frames, one error-free speech frame is

insignificant in view of the quality of the speech. As a

25 result, the present invention allows to process the speech

signal over longer time periods which are more significant

to the quality and intelligibility of.the speech than a

single speech frame. Use of a single speech frame may

cause rapid changes in the speech and thereby decrease the

30 quality of the speech. The invention aims at obtaining as

accurate information as possible on the quality of each

speech coding parameter, it being - thus possible to

maximize the amount of speech -information obtained from a

transmission channel and to minimize the effect of

35 erroneous speech coding parameters, the effect of
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nsm ssi on channel. The processing of the speech coding

paraneters of a better—wirtual transm ssion channel does --- not thus
have to be controlled according to the quality of the poorest
virtual transm ssion channel, but the 5 repl acenent procedure can
t ake int o WOM6BA83t he better protection of the virtuZCTFI%8HEss| on
channel concerned or the fact that errors have not occurred in the
area of said virtual channel in the speech franme to be processed.
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reduces significantly t wor st audi bl e di sturbances.
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a virtual Insthe fpddowingi ovhe hinvention widdt be ndeschr byed
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in which

Figure 1 is a schematic block diagram of a
receiver in a telecommunication system transmitting a
speech. signal, _

Figure 2 is a block diagram of a prior art coding
parameter processing unit,

Figure 3 is a block diagram of the speech coding
parameter processing according to the invention,

Figure 4 is an example of the operation of the
processing block 505 of Figure 3,

Figure 5 illustrates the principal features of a
transmitter. '

Figure 6 illustrates the principal features of a
receiver.
The Preferred Embodiments bf the Invention

The speech coding parameter processing according
to the present invention can be applied in any digital
telecommunication system in which a digital speech signal
is transmitted, this signal being coded at the
transmitting end by any suitable speech coding method into
a form of speech coding parameters in order to be
transmitted over a transmission path, and being decoded at
a receiver by means of the transmitted speech coding
parameters into a synthesized speech signal.



frame, preferably a plurality of speech frames. The 30 quélity of the
transm ssion channel may be determ ned as a currul ative functi on of

lelldUIIILy rarcattons cal cutated TTuulopccuu bUU|ug par-atreters
received during a nonitoring peri od and those obtained fromthe

channel dec Ihe sinplest way is to calculate the cumul ative
di stri butioﬁ‘%’&'271 of error- f;ne)e and erroneous speech par an®CIFISLIS
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11 In the preferred enbodi nent of the invention, the
quality of each virtual channel is also afffcted by an estimate of

the quality of the entire received speech frame, i.e. the quality
of the entire physicdhe Sinventimmsncasi be amethefor addsbynee a3 i pRée of

the quality of telecontnhﬂu%talﬁg.bnSpﬂfEQetﬁocg erTEtp%%'% ?99593?;1 r ko
groups, in € a‘lrll‘ e of hei ¥|,rtual annel's,

the speech codi AFWS afre ﬁ%c?gﬁgﬁ atBGlEAiRe RmyRSessiag of Ment
for instance dwedimga p%riimttmds sbeéohe dexhEy ngré 0 appldedr aid O8. speech

In the prgsent dé?:\b‘ﬂétz‘ OR0s2 CRAPLE! &P’ IR cogé. gndég% par Qt O?of%%a]é

speech frane t .t akes pI ace I.n sever al
speech frane, P‘H§§ gﬁ jned frogythe rﬁi’*ﬁé‘ﬂﬁl Y] joxe dedugedit i on

on the operati dm oéomé othielre naimerpam thveﬁﬂﬂbﬁe(thdﬁaréoﬁiarﬂaes a
erroneous speeglthod féﬁ”%ﬁﬁ?o@f‘h'% b‘t’:h‘ésed dedil® QU3 L &a rﬁente‘%f

respectlve vi rtyal etern1ne over sald

nne
period is suffPEPSﬁFFﬂ'ngooHil°@ﬁ t k840t REr FASYTrepadt oP’l&h regaqungw@
entirel yi®rror optémigpngcithier performantedi S£atted entire system, it is

usually preferable to also modify the channel decoder 101

and the speech decoder 106 to adapt them to the operation

of the processing block 104 according to the invention. On

demand, the present invention can be applied in the

15 processing block 104 without changing the structure and

operation of the channel decoder 101 and the speech
decoder 106, however.

With regard to the invention, there is no

significance what speech coding method the speech decoder
20 106 employs, since the invention is based on processing
speech coding parameters contained by a speech frame
separately or in small groups. These groups can be
determined speech coding method-specifically in a manner
which is the most appropriate in each particular case, the
25 used speech coding method thus having no effect on the
basic idea of the invention. Therefore, there is no need
to describe any particular speech coding method in the
present application. As an example of a known method, the
RPE-LTP method of the GSM mobile communication system is
30 mentioned, however. The exact structure of transmission
frames used for transmitting speech coding parameters,
i.e. of speech frames, is not essential with regard to the
invention, either. The exact structure of speech frames
may vary freely depending on the telecommunication system
35 and the transmission link, and no particular speech frame



20 if the quality of the respective virtual channel during t he
nmonitoring period is sufficiently poor within the used noni toring
period. If 50 speech frafes, for instance, have— been erroneous B
frames, one error-free speech frane is insignificant in view of the
quality of the speech. As a 25 result, the present invention allows to
process t hAVQ TS signal over longer tine periods WRCEHRIGOBIGDI e
significant to the quality and intelligibility of the speech than a
singl e speech frame. Use of a single speech frane may cause rapid
changes in the speech and thereby decreasgg the 30 quality of the speech.
The invention ains at obtaining as accurate information as possible
on the qualitytfuctande will speeccdledgddlibell padhanmbee, détdEl NdGid huthis

ossible to I g e t e i.nfornation obtai ned froma
Itoransrri ssi on c%ofﬁrgﬁ'anrﬁﬁa}e%'n%%z%g‘ ﬁ% %e% 5 )%?% SEFSS e%‘?’“‘%peech
codi ng par angthe STRAY Hframes fQfc tthey{GSM mobile commungrarign system is

PCT/ FI 96/ 00?1.1ﬁlenti_oned, the usedof' such a frame in ééblech transddglionsi On
errors t he A e SReec . e:..Si.QNA us renminin

smal | . 0#he rll%tr#’g{glr td)ic?%hs%ﬁ!gi gﬁeﬁﬁe Qﬁi%%cnlsﬁlvcgstd'?’sf’t t?rsbgﬁ(fes IS reducgd
when nore accurate Thej (ghannelondecods alftd mystarbeerprevidedt mith
processing of some type dfekeirdrcastdér{ngusmdl dixritidigh pRacabRirar,sLyn! v,

wher eby speech .paranet er,s, are_not attenuated tpo strongly n a
transni ssi on ce%%‘r?el%e%nwv%%éhe LT TR e%&cg ames are B?F'é?cfﬁgu 5t i on
of the Figurepossible. If the ¢hannel dgicodeirng0ltor some wthexr wakit bé

describpgl 10 thel Re@RiCedclidel R¥t "BAGFidd SUFE ViR dcRlRadeMRRLSOf

the invention i‘z"x\"dJE"LD:art?.]:a%rsencteo::t 0 égt?abaffs%q)r?gnyl Qﬂedr %Vgrgﬁkéter-specific

virtual channels of the invention, the wvirtual channels
can be formed from parameter groups consisting of several
parameters, or erroxr indications can be deduced on the

15 . basis of the distribution and wmutual relations of the
speech c¢oding parameters, i.e. by utilizing the
characteristics of speech. One characteristic of speech is
that all possible combinations of speech coding parameters
do not necessarily occur in error-free speech frames.

20 With regard to the invention, it is preferable
that in a telecommunication system, individual error check
indication can be transmitted for each speech coding
parameter or parameter group constituting a virtual
channel. The deduction can also.be carried out parameter-

25 specifically without transmitted error check indication
for instance from received soft decision wvalues. This
signifies a greater number of transmitted error check
indications, the transmission speed used for these
indications thus also increasing. In a telecommunication

30 system, it must thus be possible to use a relatively large
proportion of the transmission channel capacity for

. transmitting error check information. Additional capacity
for this purpose is obtained for instance when a new, more
developed speech coding method is arranged in the place of

35 or along with a previous speech coding method in an



Fn which Figure 1 is a schematic bl ock diagrah1of a
receiver in a telecomunication systen1transn1tt|ng a 15 speech signal,

FIgUfE‘%‘TSﬂTﬂﬂTm*“d#agran]Gr*a*prrol(mr codrmg parafet-er
processing unit, - Figure 3 is a block diagram of the speech
codi ng araneter processing according to the invention, 20

Figure 4 is%ﬁ’%ﬁ)l e of the operation of the pr oces sPEEFEFMIRG 505
of Figure 3, Figure 5 illustrates the principal features of
a transmtter. Figure 6 illustrates the principal
features of a 25 receiver. The Prggerred Enbodi nents of the

| nvention The speech codi ng paraneter processing according
to the present eristingn caldvommuplicetion anyyst@mtal the new method

t el [ t ls
tranemitted  SReSUELER af f%ﬁg&a%ga i§RLORPERED. A4 Blanid o of ?."r?& Bnd
by any suit abl e"SPeELRALIHR P MethIgcPRynication systewmiis dieclosed An

paranmeters in other applécant's tpeesiohscdFranaish t PaBétssagplReabioand
bei ng decgded aj 3395, @ receiver by nmeans of the transmitted speech coding

35 paraneters Tnto a synthesized speech signal. WO 96/ 27183
PCT/ Fl 96/ 00116 In connection with the preﬁg;red embodiment ofThe
invention can bgheseavéntionstaeseried hin Figured €3 efdMAINbEDSW PNicYySEEm
receiving part%aséﬁﬁQBQ'ng h%%evet, that indication of the
erroneousness/faultlessness of parameter groups, deduced
10 on the basis of the error correction coding used by the

telecommunication system or by some other means, is
obtained from the channel decoder or some other part of

the receiver. Such indication may be for instance the BFI

(Bad Frame Indication) according to the GSM. Error

is detection and identification of erroneous frames are
discussed in the GSM specification 05.03 (Channel Coding) .

In Figure 3, the processing unit 104 comprises an

input 511, at which is received a speech frame 102 from

the channel decoder 101. A dividing means 501 divides the

20 speech frame into wvirtual channels 502(1)...502(N)
consisting of single speech coding parameters or groups
thereof. Each virtual channel 502(1)...502(N) is provided

with a dedicated independent processing and replacement
procedure block 505(1)...505(N), to which the speech

25 coding parameter or parameters of the virtual channel are
applied. The speech coding parameters 506(1)...506(N)
processed in the blocks 505(1)...505(N) are reassembled in

an assembling means 507 into a speech frame 107, which is
applied via an output 512 to the speech decoder 106

30 (Figure 1). The transmission link monitoring block 504
monitors the quality of the speech coding parameters by

means of error indications calculated from the speech
frames 102 and error indications 103 received at an input

509 from the channel decoder 101. These error indications

. 35 103 may also include virtual channel-specific error



Figure 1, these parts including processing of speech ‘coding

paraneters before they are applied to a speech 5 decoder 106, Dbased
on speech coding parapeter erro | néi-eations obtained fromthe
channel decoder or deduced in sone other manner. The invention thus
conprises a method for inproving the speech codin ar anet er
processi ngNWEAI8B04 of Figure 1. Wth regard to 10 opt iAGT: M"l
performance of the entire system it is usual ly preferable to also
nodi fy the channel decoder 101 and the speech decoder 106 to adapt
themto the operation of the procesggng bl ock 104 according to the

I nvention. On demand, the present invention can be applied in the 15

processi ng bIoﬁhdiedtﬂﬁﬁéunﬁhudhamgungbéhdesérihﬁdwxnamﬁie deta;Qpbeabbon of
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based on proce}S]Scth(Ig 503 cofpeolbingdithe partaRictionC WE athedpkycasspagch

frame %%% %’Yagémér{lh?}%éecﬂ{ P05 h?ﬁg EEQEﬂssﬁian&; Tplling
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nmet hod thus haso@gmag dhctalieomsevieral sigls,C witieh Obahh®e Nysed i €8x
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t he - RPE-f9p m‘iﬁl%elmqfe IR a??ﬁ‘ﬁ%;«%@éﬁatsose-

nmentiongd, howsyeagachl hﬂdbkact‘h&t c0atHOE Wiodk B alsicOensures thageghesed
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speech frame coding method and the interdependence of its speech coding

15 parameters. This coordination may comprise for instance
the fact that when the block 504 defines the quality of
the transmission link to be very poor, the control block
503 adjusts in a centralized manner all the processing and
replacement blocks 505(1)...505(N) to attenuate the speech

20 parameters regardless of the values of single speech
coding parameters. The quality of the transmission channel
may be determined for instance as a cumulative function of
reliability indications calculated from speech coding
parameters 102 received during a predetermined period'and

25 those obtained from the channel decoder 101. At its
gsimplest, the quality of the transmission channel can be
determined as a cumulative distribution of error-free and
erroneocus speech frames, for instance merely on the basis
of the signal 103.

30 The block diagram of Figure 4 shows one way of
implementing the processing and replacement blocks 505 of
Figure 3. The single speech coding parameter or the speech
coding parameter group applied by the dividing means 501
to a virtual channel 502 is applied to a processing block

35 601 and to an erroneous parameter detection block 602. The



AD 96/ 27183 PCT/ FI 96/ 0116

14 structure will be described in nore detail in this
exanmpte—of—akmowr-—speecTfrae,— te—TRAY

frame of t he GSNInDblle comuni cati on systemis menti oned, the use

of such a fg In speech transm ssion 5 bei ng dlscussed I n the GSM

speci ficati ﬂ%“gﬂ. The channel decoder 101F

provi ded with sonme type of error detecting and correcting procedure,

by means of which erroneous speech franes are detected, if

possi ble. If the channel decoder 101 or s@me other part at 10 t he

recei ver does not provide sufficiently accurate error I ndi cations

for establi shimgbcetﬂﬁinspabéﬂekew%be@iertforms theyi progessiagneds clfotﬂhe
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occur in error ?943’@93 FPRF AT LI EF oW speech ogdipg, paragpetgre,g06

i nvention, it m;‘qme@badabb(ethe proteasing kleak calimand agidldeds witacthe

i ndi vi dual e”QJur.iﬁh%C‘%ov of tAdi BALERN 568" éﬁ@néa%iﬁﬁ,éomﬁaﬁhs%eech
codi ng as et er par aneter_group constituting.a Vvittua _
channel . The de 8 ﬁgn al'lr%oagglﬁgi’?red:}%ﬁjt PﬁQFSﬁﬁggr-sP&FCh coding

speci fi ck@ |y wipsrameteranaret feeldbacloedcfmnk tihedictadpiukn 607 to &Obuffieirance
fromreceived @it ggc e%oﬁﬁh'}e% 180 ?eech c%!cﬂ?t f' ZmH &AL e gggber

of transmtted error C |ca ons Sm,ssl on speed” used
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i nformati on. Additional capacit pur pose 1I's Gbt ai ned
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in the place oktoding parameters P1, P2,...,PN' in the processing and
replacement procedure of erroneous speech coding
parameters. Depending on the controcl signal 605, the
processing block 601 either processes the error-free

20 parameters or replaces the erroneous parameters with
parameters obtained from the buffer memory 604. At its
simplest, the processing of error-free parameters means

that speech coding parameters received from the wvirtual
channel 502 are transmitted as such via the output 607 to

25 the assembling means 507. This usually takes place when
the signal 508 indicates that the quality of the data link
connection is high. The prbcessing and replacement of
erroneous speech coding parameters can be carried out with

any suitable processing and replacement procedure, for

30 instance by replacing the erroneous speech coding
parameters of a speech frame with the average of the
speech coding parameters Pl, P2,..,PN of N previous speech
frames, stored in the buffer memory 604. If the quality of

the virtual channel is low, the erroneous frame n may not

35 be replaced with the previous error-free frame n-1, but



35 or along with a previous speech coding nethod in an | WO

96/ 27183 PCT/ Fl 96/ 00116

15 exi sting tetecommunication system——the new nethod '  —
operating at |lower transm ssion rate. An exanple of such a

nodi fication in a tel econmuni cation systemis disclosed in t he

appli cant ' sSWOOSRT®s Fi nni sh Patent Application 5 9433 (BCT/FI6/00116

In connection with the preferred enbodi nent of t he inventi on,

described in Figures 3 and 4 below, it is assuned, - however,

t hat i ndi cation = of t he er righeousness/ faul t| essness of

paranet er groups, deduced 10 on the basis of the error correction coding

used by the the dhangeoinutheapavameyst aralaresbfrommerand of - TTRES Exrams

obt ai ned from txhe nn d [ s ther 0

recei ver. Such r?ncﬁ{!%ti?r? rra%q%%% gr' i(ré\s' éncgﬁt héea&tllgn f(n)(_lgta'g’qlgr(gﬁe

| ndi cation) acdorth Rfa(@ end! nefldr and al) e dhePutant anshtinbugat i on

of erroneous fofire carrection dlgowdshdl. i Intieccdriid ey iddd aldgaciag03
(Channel din Lgur essing_unit .10

conpri sesgjgn @peedll nﬁﬁgiggl,p%far\l‘/\%féc%gﬁ S%P%ce?'@%%igégé Z%}: %é’r?gdfﬁf from -

the channel dedsRsSTibsE in Bhe GW Poasification 06 gk ($nbstiitutignans
frame into vimitialg oifanness Foamés . for SOR(IN)-Rate Speedhst imafrehc

o, SBoser) HGHRIRY BAF S1Bockaoiiitug,  fhere0T, EaCh v TuS
processing and repl acenfhe detectgom: cbleek hFB2km8Ys5Edso  dedyeg , ervowhi ch
the speerth 25 indieditignpaicaailed ledsér fetRe SdobtiButish Uahdachaetagl are

relations of received speech coding parameters. The

characteristics of speech are thus utilized, for instance

the fact that all possible combinations and wvalues of

speech coding parameters do not necessarily occur in

15 error-free speech frames. Por instance, permissible

combinations or values may be defined for speech coding

parameters, speech coding parameters deviating from these

combinations or wvalues being defined as erroneous in the

detection block 602, the detection block 602 thus

20 providing error indication 608. Alternatively, it is

possible to define for instance forbidden combinations and

values for speech coding parameters, speech coding

parameters matching these combinations or values causing

the error indication 608. Criteria used for detecting

25 erroneous speech coding parameters may also vary with the

quality of the transmission channel, notification of which

is obtained for instance in the form of the signal 508. In

the detection block 602, for instance the detection

procedure described in the applicant's previous Finnish

30 Patent Application 944345 can be applied, with the

difference, however, that now error indication is provided

for single speech coding parameters or groups thereof, and

not for an entire speech frame. The detection block 602

may'also obtain error indication, this error indication

35 notifying of an error existing in the speech coding



applied. The speech coding paraneters 506(1)...506(N) | processed in

t he bl ocks 505(1)...505(N) are reassenbled in an assenbl i ng neans 507
IMTO a Speec ra , WhiTth T3 apprtred via an output 512 to the
speech decoder 106 30 (Figure 1). The transm ssion link nonitoring

bl ock 504 itors the quality of the speech coding paraneters by
nmeans of ervgl’“?ﬁg{’]cat I ons cal culated fromthe speech FCIEIRM01) " and
error indications 103 received at an input 509 fromthe channel
decoder 101. These error indications 35 103 my also include virtual
channel -specific error -~ WD 96147183

PCT/ FI 96/ 00116 16 I ndi cati ons,

which will be daxangt®ys nofotdedevirtualt| whannel cofiberned| nafixom 5theof
the val ue of td}&nn%(le@e'&od%th.Bg or somepéf:ﬁgﬁt a& 8§t ehbi s88d; Bt his

manner, is applied to a E’ ggggtrol g ae I_nt eracti on of the
processing 5 and reEP&e&f?EﬁPS ¢e8 5B8Y LRE1¥AS-EO503REEAPFSI Ri ng

t he bl ocks 505@rRte SeagiNney | aceonding otobthe5EEM TSpedification 508 . Moy

i ncl ude spverakp3ignidt e V\ﬁﬁé&ﬁﬁ@”c@ﬁti‘éfﬂlﬁgr the ro%@éts&?J | &g Egggcﬁl ock:

505 separately, if. re UI red an transm ormatio suc
as error indi c5CRG W%aﬁ#ﬂ%c?ia?ﬁe l&’orﬁ%rg:b‘l’ﬁbksg% on sghe
ensures that thbasis off Wi | exsoaf fhéipabviensiénp awbtedpestefenm btheks

of di f f egeRlectiibhUaldianges s 2he afiidigat é ”oﬁe%ﬁﬂﬁgﬂl of - fhe

manner. This coordinatio epends on the use . I'n
and the inter dEFBRES) cebﬂ‘?q* 80318 h At sishs dng the apdriual T%pgnne

coordi ndtd on niptecmpticon tontrobtsigmal 508, which 1s obtained from the
control block 503 of Figure 4. The control signal 508
consists of error indications obtained from the actual
channel decoder and of information on the operation and
statuses of the other virtual channels 502. Each wvirtual

15 channel is thus provided with a dedicated state machine
structure making independent decisions. This means that

even if erroneous speech coding parameters were detected

and a replacement procedure of erroneous speech coding
parameters were followed in one virtual channel 502, the

20 other virtual channels 502 may still perform processing of
error-free speech coding parameters, i.e. for instance in

state 0 of the state machine structure of Figure 3. The
speech coding parameter processing according to the
invention thus changes the speech coding parameters of

25 this one virtual channel only and transmits the speech
coding parameters of the other virtual channels unchanged
further to the assembling means 507. The speech decoding

can thus use as much as possible of the speech information
provided in the original speech frame, which reduces the

30 number of disturbances and interruptions in the speech
signal and improves the gquality of audible speech as
compared with a situation where entire speech frames were
discarded. In addition, since part of the speech coding
parameters of an erroneous speech frame can also be

35 utilized in the above-described manner, for instance the



the fact that when the block 504 defines the quality of t he
transmssion link to be very poor, the control block 503 adjusts in a
centralized manner all the processtng and —repl acenent btocks —
505(1)...505(N) to attenuate the speech 20 paranmeters regardl ess of the
val ues of single speech codi ng paraneters. The quality of the
transm ssi MO Y may be determined for instance FRYWG,t | ve
function of reliability indications cal culated from speech coding
paranmeters 102 received during a predeterm ned period and 25 t hose

obt ai ned fromthe channel decoder 101. Ap its simpl est, the
quality of the transm ssion channel can be determ ned as a cunul ative
di stribution ofswdtichr 408ecacenriding to @igureolsisprer rdquammml, sindendimance
merely on the gy grocess:.ﬂ% f)f@cl? '%@abflggchz?irtual chanf;"xe lTh ?s%léh

di agram of Figure mple dr oce ng and
repl acenent bl G@@ngo@gameter FPB?:-F%dS torpghe; rfﬂ-}’-'é"-’s‘:pe%?u cei Agways

paraneter or tseoxedcd the bu:ﬁ@h- NeenaANEle wEgudlass! bcdwhyet:hhe it
di vi di ng geansoE‘Qégnategotf)r&nV' ué’:l' 5’@@&@' o@gzahs &%ﬁ %q' Rel‘)eFock

processing blo 1 and to an erroneous parameter detecti 0
602. The frame. \\p 96/ 27183
PCT/ Fl 96/ 00116 Figure 5 shows a transmitté/ which ppbdaeesi ng

bl ock 601 perfg,&g,@ g.qle ghggﬁéf-%gfl@t r1=.r::or in 'rc%gggﬂgoagg ergggeci'xr ee

parameters. The 0p &rati on processin 17I's C rolled
by a signal aogrameS- AoEpaeRbBdsignadh a7Q:o"rﬁ raplilesc kose3srerrl engader

indicatimg 5 701t headeidwnppodiess af speepteclranili agcPrdxigpt €6 & gpmech
coding paranet S&%%“pfuﬁe xsékeeeCQrgegiigg Qﬁé&[{@i.er §._h5_,_%6 speech frame
containing 220 speech coding parameter bits instead of 260
bits, however, due to the more developed speech coding
method of the encoder 701. A divider 702 divides the
15 speech’ coding parameters to three virtual transmission

channels 1, 2 and 3 in the following manner:

38 spectrum parameter bits to channel 1 (block

703),

62 bits representing the amplification and the

20 basic frequency of the speech signal to channel 2 (block
707},

120 excitation bits of a speech synthesizing

filter to channel 3 (block 711).
In each of these three virtual transmission
- 25 channels 1, 2 and 3, error check bits are added
independently to the speech parameter bits in error coding
blocks 704, 708 and 712, respectively, and channel coding
is performed independently in channel encoders 705, 709

and 713, respectively. o

30 The two most important virtual channels 1 and 2
are each provided with a 3-bit CRC parity check code
{CRC) . No error check bits are added to virtual channel 3.
After the channel coding, the virtual channels 1,
2 and 3 produce 82, 138 and 236 bits, respectively (blocks
35 706, 710 and 714), which are combined into one 456-bit



processed by the processing block 601 are applied via the out put 607
of the block 505 to the conbining bl ock 507 (Figure 4). In addition,
the processed speech codi ng 10 par anet ers ar e feedbacked fromrtie out put
607 to a buffer 604 of -previously used speech codi ng paraneters,
this containing the processed speech codi ng paraneters
Pl,-P2,...,E§ﬁ%%ﬁkarevious speech franes of the virtual gc’"“%ﬂ%&ﬂﬁe|.
The buffer menory 604 is connected to the 15 processi ng bl ock 601 in
order to use the stored speech codi ng paranmeters P1, P2,...,PNin

t he processing and repl acenent pra@idure of erroneous speech
codi ng paraneters. Depending on the control signal 605, the
processi ng bl oGPEFP efXRBE pftesked1BNe evhiehf rige 2Fansmphtedettss s a or
repl aces the tanenE®ssonpehammker 916\ th paraneters obtained from
the buffer nenory 604. . ] sinpl.est, the processing of error-free
parameters means ?Iﬁg!tukgpegchs%%ﬁ n %ﬁar gﬁépgggaiecé? §% oift h@

vi rtual aeseiversgnited feonmeegeivimantheusheech fimme prmduced’byo 25
the asseﬂb|ingtm%am&dﬁﬁﬁitfbbsoESQQbhEet%KGQhB|Q%%-Wﬁ%”speech_%?ﬁmé'%Qa
508 i ndi cates E@%t-%h gyalit oftthe data lin onnection 1s _high.
The processi ng and repl acenent of transmisggion, ettP i AgPHLEREL er s

can be carried786t Wl’l_ﬁ-ﬁh diVid%ﬂl}ﬁl'&,limlpﬁcdeés$pgadnd=dd§.pigab&mnbf
prgcedure, for the v?rtﬂ&h?&ﬁﬁnn@!s &epbaahage k?ﬁco&&égseﬂa§?gfﬁ§ﬁeﬂa1

codi ng P rs of _a ech frang wi e, average e . _
speech codi ng %é%g'ﬁs?&’slpﬁ; E,g?b;gs,mr%aq@% évi%ﬁé’%g@&ﬂ' 138 bikgnes,
stored i4? t he bof fbanneko? y(kmdkk (724)heandalB6ybitfs to chamnnelvar (bbbck

hannel is | ow e o] 35 eplsac ] he
c i's | owgathe aohoneRlS EhafRel, Mbhatiiel decé%?gnﬁBgsa paribifed

revi rrorsfr frame,n-1, b VWO
EC§Yk?SZ/80126lnd28endgntly in lé:thannel decoders 722, 725 and 728,

respectively, and CRC parity check in checking blocks 723,

726. and 729, respectively. Thereafter, the speech’

15 parameter bits are applied to processing blocks 505(1),
505(2) and 505(3), which process error-free and erroneous
speech coding parameters independently for each virtual
channel. Error indication 730 or 731 is also applied to
the processing blocks if the block 723 or 726 detects that

20 the parameters of the virtual channel contain errors that
it is not capable of correcting. The blocks 505 are
similar as for instance the block 505 in Figure 4. The
speech parameters processed by the blocks 505 are applied
to an assembler 732, which provides a speech frame

25 containing 220 speech coding bits, this speech frame being
applied to a speech decoder 733. The blocks 505 may be
provided with a control unit 734 coordinating the
interaction thereof, this control unit being similar to
the control block 503 in Figure 3.

30 Even if the invention has been described with
reference to certain embodiments, it will be apparent that
the description is only given by way of an example, and it
can be changed and modified without deviating from the
spirit and scope of the invention defined by the appended

35 claims.



18 . t he change in the paraneter values fromfrane n-1to frame
nwll be filtered, e.g. by equation f(n)-0.5*f(n- 1) +Q 5*a(n),

wherein f() and a() are the output and input — of the correction -

algorithm In attenuating and replacing 5 speech coding paraneters,
for inst procedur e "~ described in the GSNI&Rﬁ Lfication
06. 11 (Substitution and Miuting of Lost Frames for F 3$%Nq¥13peech
Traffic Channel s) can al so be appli ed. The detection
bl ock 602 may al so deduce error 10 i ndi cations on the basis of the

di stribution and nutual rel ati ons 2% received speech coding
paraneters. The characteristics of speech are thus utilized, for

i nstance the fact that all possible conbinations and val ues of
speech codi ng paraneters do not necessarlidimsoccur in 15 error-free
speech frames. For instance, permssible conbi nati ons or val ues
may be defined for speech coding paraneters, speech coding

par aneters devi ating f Aom t hBsemethod Eenhi Precessing vspeeshberodirgef i ned

a?] err2 8r$ous |pfa|r1'adiue(Eif ters in det eeteved! efkgg%léd&mﬂﬁiﬂfélﬂi% bdAkenf02

t hus pr : r adl. cat . ternatively, 1t IS
possible to dt%;gl:"nenl Spspngég.%ggéggb#ﬁge#‘s%%%b#}at i ons and val ues for
speech codi ng par anet eF§ceigiérgh cadi mpded spaeghet esignalchivipt hese

conbi nati ons @ravnsmigsiefUchaéinel, saile codear dyaa&ﬁtéi%ﬁo&nﬁqéﬁfé a

used for detegtl 2 r .speech codin araneters may al so vary
with the %E’&’%gf‘j ?§a5l$st FORERIR LAY Soeee h%‘ﬁ%éﬁ! BARANGRERS on of whi ch
i s obtai%hed for instanehappelhddgnding the sippech 568gnahk, erronecoas

detection bl ogipe@0R, £fathes N5é friy Adduttdd aali OAdicated PLRGESME GHleseAl bed
in the appli cant. ﬁigéew ous Finnish 30 Patent Application 944345 can
be applied, w P he di fference, however, that now error

i ndi cation is provi dedProcessing giargmetepeecdt ctdiengepronesusr speechr oups

thereof, and framesneh ¢18 KubNidf ¢LePPLEPibnaBpedhs ﬂeérﬁétapré?m(a%ﬁk 602
may al @ obt a'thaSEEQr i ndi cation, this error indication 35 notiftying of

an error existing rh the speech coding
performing speech decoding on the speech frames,

characterized in that the processing
of the speech frames comprises the steps of
dividing the speech coding parameters of a speech
20 frame into groups of one or more speech coding parameters,
said groups forming logical virtual transmission channels;
determining the quality of each of said wvirtual
transmission channels during a predetermined monitoring
period which is longer than the duration of a speech
25 frame;
controlling the processing of error-free and
erronecus speech coding parameters independently on each
virtual transmission channel according to said determined
quality of the virtual transmission channel.
30 2. A method according to claim 1, cha r a ¢ -
terized by
detecting errors independently on each virtual
transmission channel, _
processing speech coding parameters independently
35 on each virtual transmission channel containing errors by

* ¢ L M 5 %
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19 paraneters of the virtual channel concerned, fromthe

channel decoder Oor sone OTNEr part ol tne recerver. - The
control block 603 may include for instance a state machi ne accordi ng
to the GSM Lid.cation 06.11, 5 this state machine co

processi ng o sgﬁégc : codlng paraneters taking place rﬁéiﬁﬁﬁh@ﬁB%k 601
on the basis of the error indication 608 obtained fromthe

detection block 602. In addition, the operation of the control bl ock
603 is affected by the virtual channel 10 23 interaction control signal

508, which is obtalned fromthe control block 503 of Figure 4. The
control signal 388ns of the gpxrasposdingr speenli eeding paxanstaxs fafbmhehe
act ual cppentbusespéech afifamy drfspedil Eraftiest,he operati on and

Fratuses of e oUNer viCLygheRERNE! 07 o CAUAY VieotE gt RS

i ndependent decfefbng. PFrABeten @rouns into a epeechf fammeneous speech

codi ng pamaneters were d@b@S&ECBecodlnga%@leaars%léh%i@aeﬂbeEEHCEQHlﬁé of
erroneous speech codi ng % rA\ﬁ%£ﬁ§ ggﬁéﬁ §62°ﬂ%§msi QH e VI %?L
channel 502, the 20 ot he [ -
processi ng of ac te?rmrifzr@edspbﬁc#mmwrgmmmnw ef aovi'rnuaance

in state @r@ﬁsnﬁh@sf&z@tcﬁ'zdﬁféﬂ B9 ﬁéﬁi’@éﬂﬁg OiheFlcﬁimt§ ofNPeceived

speech codin ara roce55|n ccordin vent | on {hus
cﬁanges t he gpg%%?nge% %%me“ Fgrgfé%lgg 3 mz?%&’f@mlpﬁaafmﬁhﬁﬂﬁa’gonl y

and trandfits tperipdech codi ng paraneters of the other virtual
channel s unchanged - 4furg hderoa hbeo§a§ﬁg‘0£bn91a§an§ 597 Jghe speech
decodi ng Lcan hus use as nu& SSi %ch |nfornat|on
provi ded in thet 0F|§iﬁ5I Tspedch® f Fand; Qﬁl?%ﬁu@@? ?ﬁ the speech

coding parameters is determ:.ned as a cumulative function
of reliability indications calculated from speech cocding

15 parameters received during a predetermined period and
those obtained from the channel decoding.

5. A method according to claim 4, c ha r -
a c t e r i z e d by calculating a cumulative
distribution of erroneous and error-free frames.

20 6. A method according to claim 1, char -

' acterized by detérmining the quality of a virtual
transmission channel on the basis of error indication
concerning the parameters of the wvirtual channel, said
error indication being obtained from the channel decoding.

25 7. A receiver for a speech signal, said speech
signal including speech frames containing speéch coding
parameters, said receiver comprising a channel decoder
(101), means (104) for processing speech frames, and a
‘speech decoder (106),

30 characterized in that the means for
processing speech frames comprise

a dividing means (501), which divides the speech
coding parameters of a speech frame into N groups, each of
which contains one or more speech coding parameters, N =

35 2, 3,....:

* c L M $ *
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30 nunber of di sturbances and interruptions in the speech si gnal
and inproves the quality of audible speech as conpared with a _
situation where entire Speech frames were —di scarded. tm addition, —
since part of the speech coding paranmeters of an erroneous speech
frame can 35 utilized in the above-descri bed manner, for

i nst-ance tﬁ’é’s’%”?&’ W06/ 27183 PCT/FIO6/00116

PCT/ FI 96/ 00116 20 switch 408
according to Figure 2 is not required, since in t he processing bl ock
505 of each virtual channel, a speech 24 coding paraneter applied to the
out put 607 is al ways stored in the buffer nenory 604, regardless of
whet her it 5 ori gi Mat ®rocessing echannels 0f5e2) or reacH ref  whdRM
frame. processes | 858En®ifNIYSiAabpnadhtipr ol Sk pé?{’&'C%?ee h
virtual channel -specific error indications in speech rames. iy speech
signal 70 is SRS RIF PGS SFMPS e (ehe bgf)‘l? ?fi ERepABBLitY 2Efspeech
frame accor di e creegNicoding pasametews| ofatsaidr girbup ahdfioe! ont ithe
speech fgame pagis COBl 3FFdYW 440iSREE6Hs CUBLUL AT 2FRLAT tHd S chaghedd of
260 bi t%ﬁh%\!eve(r, ue to the nore devel oped speech codi ng

nmet hod of the O56&r 191 7A di vider 702 divides the 15 speech codi ng
paraneters to three vi ehual assemislingsi oneans, oibdiehe| sadgenblayd 3the t he
fol I ow ng min%%&"ameter groups pr&%é@@tééﬁgfﬂéﬁftﬁfo@'Eﬁe';%ﬂg?iﬂg 1

bl ock 03), . 62..bi th
nd the 20  EBREeEStPEnREPale RSN LR & FRRecHo TiMmGWELQl ok |

10 applied to the.speech decoder (106).
8. A receiver according to claim 7, cha r -

a ct er iz ed in that each processing. channel

includes :

' a detecting means (602) for erroneous speech
15 coding parameters,

a  memory (604), in which are stored the
corresponding speech coding parameters of one or more
previous speech frames, and

a processing and replacement unit (601), in which

20 speech coding parameters identified as erroneous are
replaced with parameters which are formed on the basis of
speech coding parameters stored in said memory.

9. A receiver according to claim 7 or 8,
¢c haracterizeld in that the means for

25 processing speech frames also comprise

means (504) for monitoring the quality of the
entire transmission channel,

a control wunit (503), which controls the
interaction of the processing channels dependentlir on the

30 quality of the transmission channel.
10. A methed for processing speech coding
- parameters in a telecommunication system, said method
comprising the steps of
encoding a speech signal by producing speech
35 frames containing speech coding parameters; .

I

|



707), 120 excitation bits of a speech synthesizing
filter to channel 3 (block 711). In each of these three

virtual transm ssion 25 channels I, Z ana 3, error check—birts
are added i ndependently to the speech paraneter bits in error codi ng

bl ocks 704, “ﬁp&,ﬁ 712, respectively, and channel coding

perf-ormed in epenicpntly I n channel encoders 705, 709 a‘?ﬁwu‘
respectively. 30 The two nost inportant virtual channels 1 and
2 are each provided with a 3-bit CRC parity check code (CRO).
No error check bits are added to virtual c2@nnel 3. After

t he channel coding, the virtual channels 1, 2 and 3 produce 82, 138
and 236 bits, respectiv&h@npsloerding the mppech  ramesy any adiiog erzor

conbi ned i nto @wheddhitist thereto, WO 96/ 27183

PCT/ FI1 96/ 00116 . S eec_h frame
(bl ock 715), which is trtzli'ﬁ]si%m ttc’ingo the speecl-{ r%ﬂ%’?ﬁ%s?’bﬂ @hzﬂﬁfgﬁ Tl

Figure 6 shows qanestieni ol af é‘&FGFESnEf end; receiver suited for
recei ving the speech freeeepvefigceHe b¥peedh fran2® hEtapadi Fe8Li Ping Bl E S

The 456-bit speech fra ceiv fromthe transg ssion channel
716 at a divider mél}éﬁnel d%coa‘f ggfhés% FIEBB(?G SHERIME/Yi ng
bits of speechi frames being|detiected md3 indicetedsponsihy charined

channel s, i.e. a@2olihg;to channel 1 (bl ock 721) 138 bits 10 t o channel

2 (block 724), and 236 pj 0. channel bl o 727 On each
channel ,lochannel decodigﬁéégé?) ?oﬁﬂfc?metgrs of the erroneous speech

frames on the basis of the previous speech frame or speech
frames; and
performing speech decoding on the speech frames,
characterized in that
, A) the channel coding of the speech frames
is comprises the steps of
al) dividing the speech coding parameters of a
speech frame into groups of one or more speech coding
parameters, said groups forming logical virtual
transmission channels; '
20 a2) performing error-indicating coding
independently on each virtual transmission channel;
B) the processing of the speech frames at the
receiving end comprises the steps of |
bl) determining the quality of each virtual
25 transmission channel independently on the basis of the
exrror-indicating coding, -
b2) controlling the processing of error-free and
erroneous speech coding parameters independently on each
virtual transmission channel according to the determined

30 quality of the virtual transmission channel.
11. A telecommunication system, in which a
transmitter comprises a speech encoder (701), which

produces speech frames containing speech coding
parameters, and a channel encoder (705, 709, 713), and a
35 receiver comprises a channel decoder (722, 725, 728},

R



i ndependently in channel decoders 722, 725 and 728, réspectively,

and CRC parity check in checking bl ocks 723, 726. and 729,
respectively. Thereafter, the —speech 15 -~—paraneter bitsare applied to—
processi ng bl ocks 505(1), 505(2) and 505(3), which process

error-free Qﬁrﬁ oneous speech codi ng paraneters i tly for
each virt uz‘i‘?61 i channel . Error indication 730 or 731 i Wﬁ lied to
the processing blocks if the block 723 or 726 detects that 20 t he

paranmeters of the virtual channel contain errors that it is not
capabl e of correcting. The bl ocks 505 are26 simlar as for instance
the bl ock 505 in Figure 4. The speech paraneters processed by the

bl ocks 505 aremgppfi d§05) for ipregesgingprreeciz2framesh @nsialespaesheech
frame 25 coaeabderg(229) speech coding bits, this speech frame being

applied to a speech decg_q,?r 3% ﬁl'gzeeerog_klin?Oé rr?X Qﬁ?‘ﬁereofprow ded with

a control unit 734 coordinating tt rteracton T , this control
unit being simlar to the trapsmitken| comprices3sai rolipa cumit 30702), _
Even if the i nwkidh odikadebetheladpdddlttoddity paraméCéeseEe 4 Ogp&étRi N

enbodi nents, i P t_-that he, degcription is_only given
by way of an eéﬁ#p el,ag%gpﬁt?{mﬂ. rlzgiaarrf %%schéﬁéé‘dggnﬁhﬁs iFP@%"M‘? h?)'g?
devi ati ng fronP¥h&ore spegsh| codings mArametenife | andnmenfakmis nexrdy-t he

appended 35 ifdfdéd¥ing coding (704D)964RAdéBéndently on each virtual

PCT/ FI 96/ 00116 . . .

d ai ns channel, said means for processing speech frames in a

' 10 receiver further comprising N processing channels, each of

which processes (505) essentially independently the speech

coding parameters of one of said virtual transmission

channels according to the gquality of the respective

virtual transmission channel, said quality Dbeing

15 determined on the basis of error indications generated by

the error indication coding (722 - 723, 725 - 726, 728 -

729) of the virtual channel concerned in a predetermined
number of speech frames,

an assembling means (732), which assembles the

20 processed parameter groups from the N parallel processing

channels back into a speech frame, which is applied to a

speech decoder (733).

* [ L M s *



-1. A nmethod for processing speech coding 5 pararréters in a

‘receiver of a tel ecommunication system sai d nethod conprising the
St eps of recei Ving a  coded sSpeech signal via _a
transm ssi on channel, said coded speech signal including speech
frames contgpResPeech coding paraneters; 10 f@ﬁ@g@h codi ng
t he.speech si gnai, erroneous speech franes bei ng detecte égé;

i ndi cated in said channel decodi;lg; processi ng

paraneters of the errgQneous speech
previ ous speech fra 03, speech 15 fi
speech decodi ng on j¥e speech franes,

e d in that the[proce 0 0
of di vi di ng ”r}fﬁépe(:h codi ng parp
frane into &% s of one or q .

rames on the basis of the

s, orm ng

c har cteri z
[ r anes feonpri-ses—the steps
5 of a speech 20

br s, shi 407

groups fornpdng lJogi cal virtgpalktt

determ ni| Al 0 CGHANNEL | rSPEEGH on c%‘ﬁgel S
during a predetfr mpethDER SPFEQg Rhan ¥nhe
duration of a eec%e25 Dl 11 ng t%e gr ocessi ng
of error-free amd errp L ers indeperldently on
each virtgal transm sgion channel accordi ni d determ red

quality of the yirtual trang #n channel . 30 2. Ajnet hod

according to cl@giml, c¢c h a i z e by
detecting error$ independen tfansm ssi on jchannel ,
processi ng spee g y 35 omeactr—vrrt ual
transm ssi on channel containing errors lar
FIG.
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23 ' nmeans of the correspondi ng speech codi ng paraneters of the

previ ous speech frane or speech Tranes, reassenbling the
separately processed speech codlng parameter groups into a speech
frame, speech decodi ng the assenbl ed speech f

3. Arrethod accordlng toclaimlor 2, char - ' ac'{azﬁwufe d
by determning the quality of a virtual transm ssi on channel by
monitoring the quality of received - 2/5speech coding paraneters during a
predeterm ned nonitoring 10 period 4. A met hod
according toclaim3, ¢c har - cteri zed inthat the
quality of the speech codi ng pdaaneters is determned as a cumnul ative
function of reliability indicatigons cal cul ated from speech codi ng 15

paranmeters received during a predeter ned period and t hose obt ai ned
fromthe channel decoding. 5 A net hod according to claim4,
char - ac ter i zped "3calculat|ng a cunul ative

di stribution of erroneous and eﬁg ¢ franes. 20 _ 6. A

met hod according to claim1, ¢ h a acteri zed by
determ ni ng the gquality—0f a—virt ransm ssi on channel on the
basis of error indication cong fng fhe paraneters of the virtua
channel , said error indicatio ing pbt ai ned from t he channel

decodlng 25 - 7. A recei ech signal, said speech
signal including Eﬁech frames contai nggg)eecﬁ§c2f'ng paraneters,
sai d receiver co sing agy ode 1

means (104) for
' 30

RZOCESSIng speech
i chh divides the

ranes, gfd a speé&1 decoder
iz e dgn that the neang for

s . 1.
g aramater@f agpeech r%;_e I ntjo

processi ng speech
character
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whi ch contains one or nore speech coding paraneters, N = 35 2, 3,..

WD 96127183 PCT/ FI 96/ 00116
24 N processi ng channel's (502), each of which
processes essentially independently one of said speech codi ng

par amet er e the basis of the quality of t he pegp ﬁ?&hn di ng
par anet ers of salgagroup and/ or on the basis of error In |caﬁgons

obtai ned fromthe channel decod

assenbling neans, which assenbl

es

processed separately fromthe parall el
a speech frane, mhlch |s 10 applled to the speech decoder (106) :

that each prochS|ng channel

means (602) Yor erroneous speech 15 | R:1)3IH2; par arret er s |PN
st or &4 i

a“ menory (60h1,505| which are
codi ng paranetﬁrs of one or nore
a processing and repl acenent

101) :
%¥4# par anet er groups

processi ng channel s back into

604n' o udeteCtlhg

(601), [n

paraneters identifi.ed as erromeous

whi ch are fornbd on t he basi g

pr VIO s speech frane ,
i ch—20 Spee

ar

spheaec co Q. _nar o

sai d mam)r502 RERLMEMENEQIBrdl ng to cl

charac_é_;rlzed IERRONEOUS PARAMETERS
> | AND PROCESSING OF

ERROR-FREE PARAMETERS 607

602

o

ERRONEOUS
PARAMETERS

DETECTION OF ,

605

(J

608

CONTROL

PARAMETER -
PROCESSING H_ 603

in



25 processi ng speech franmes al so conprise means (504) for
ponitoring the quality of the entire transm ssion channel,

a control unit (503), which controls the i nteraction of tne
processi ng channel s dependently on the 30 quality of the transm ssion
channel .  wossn71s3 10. A nmethod for processing Sﬂl‘iﬁ‘fﬂsmﬁ I ng
paraneters 1n a tel ecomrunication system said nethod conprising
the steps of encodi ng a _speech signal by produci ng speech 35
frames contai ni ng speech codi ng paranefégs; WO 96/ 27183

PCT/ FI 96/ 00116 25

channel codi ng the speech franes and addi ng error check bits

t her et o, nsmtting the speech franes via a data |link
connecti on tgﬁgﬁggy\ﬁlﬁ!&éid ,F SPE%CH ENQ@B ' nglL peech franes
at the receiving end; ¢ C emEBng Ne/Qbeech signal ,

erroneous speecﬁmﬁfanes bei ng detectgd and i ndicated in said channel
decodi ng; pr ocesgt erroneous speech 10
frames on the basis of the previjus s@2208REEGHO0r spepciyo2 franes;
and perform ng sjpeecPARAMETERBITS: speech franes,
~characteri zedinthat Ar—1the channel coding
of the speech frames 15 compri ses the stepg of

VIRTUAL VIRTUAL VIRTUAL 744
CHANNEL 1 | CHANNEL 2 CHANNEL 3

62 BITS

38 SPECTRUM REPRESENTING
PARAMETER | | AMPLIFICATION AND

pu BITS BASIC FREQUENCY
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120 EXCITATION

BITS OF SPEECH

SYNTHESIZING
FILTER

707 4

. ' '
04 |38 | 3CRC] 708~| 62 l3CRc 5 1'3‘0
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710 J
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7
715
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CHANNEL
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ai) di vidi ng the speech coding paraneters of a speech frame into
groups of one or nore speech .codi ng paraneters, said gr oups

Yormng Togical virtual fransm ssion channel's; 20
az2) perform ng error-indicating codi ng i ndependent |y on

each virtualyplogeng SSi on channel ; B) the prm&m f the
speech franes at tﬁa recei ving end conprises the steps o ¢ :

bl) determ ning the quality of each virtual 25 transm ssi on channe

i ndependently on the basis of the 5/8 ror-indi cating coding,

b2) controlling the processing of error-free and erroneous speech
codi ng paraneters independently on each virtual transm ssion channel
according to the determ ned 30 quality of the virtual transm ssion

channel . 11. Ateleco @tem in which a
transmtter conprises a speech encodm produces speech

frames cont ai ni ng speech codi ng blNE]reters and a channel
encoder (705, 709, 713), and a 35 recei vel\?{@rl ses a channel decoder
(722, 725, 728), WD 96/ 27183

PCT/ FI 96/ 00116

processi ng speech frames, andja speecﬁ oder (/733),
characteri zedin 4568?,Fsthejransmtter conpri ses
a coding unit (702), 5 WhIC di vides the speech codj ng paraneters of a
speech fr VIRTUAL N virtudl VIRFTRMAL, eath of whikh coMIRTIYALNe

or nore speech EOHANNEL feters, @MHANNEL21s(error - CHANNEL 3
pu 82 BITS 724 N 138 727 236

721 L 1 ‘

CHANNEL CHANNEL “CHANNEL
~ DECODING |725~] DECODING | 72N DECODING

” v !

means (505) for

~ 38 |[3CRC| 726 3CRC| 729 120
Ca s I ]
PROCESSING PROCESSING | PROCESSING

> ~ 505(3)
505(1) NL_5%52) L £ . *

A J
220 SPEECH PROCESSING
732 | PARAMETER BITS CONTROL
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I ndi cating coding (704) independently on each virtual channel , said

means for processing speech franmes in a 10 recei ver further conprising N
Pr ecessi-pg—ehenrels—each of- ' ' '
. independently the speech codi ng paraneters of one of sai dVI rtual
transm ssi on channel s according to the quality of the r /A

irtual t ' h b 15
Uhe basi s or PG T hai oot RAES s P8ibl iR dnbapfol S 0
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{57 Abstract

The present invention relates to processing speech coding parameters in a telecommunication system. The speech coding parameters
of a speech frame, produced by a speech encoder, are divided into groups, i.e. so-called virtual channels, in which speech parameter error
correction, channel coding and processing of emor-free or erroncous speech parameters are performed independently. At the receiving
end, the processing (505) of ervoncous and error-free speech parameters can thus be controlled independently on each virrual ransmission
channel (502) according to the quality of each virtual transmission channel. The speech parameters of the high-quality virtual channels of
aspeechfmmeunthusbepmcenedasm—ﬁee,uphcmgmespeecheodm pmmnoflhelow-qualityvumalchannelsonly The
independently processed (505) speech parameters of the virtual channels are thus reassembled (507) into a speech frame, which is applied
to decoding. Since part of the mfomauonofalsoenuwousspeechﬁmmxsuuhzed themcofspeechinfonuuon received from a
transmission channel can be increased in speech decoding, which reduces for instance interruptions occurring in speech as compared with
a situation where all speech frames esToncous even 1o a slight degree were discarded. The increased and more focused error indication also
reduces the number of undetected errors and thus reduces significantly the worst audible disturbances.




