WO 2011/ 044898PCT1DK20091050274 1 HEARI NG AID W TH AUDI O CODEC AND METHOD
The present invention relates to hearing aids. Mre specifically, it

rel at es twoaoha@ausosng ai d having a tinme-domai n audi o codecTimoadaseri4 5 i ng
and encoding digital audio signals. The invention further relates to a

nmet hod of decoding and encodi ng audi o signals. A hearing aid is
enbodi ed as a small, wearable unit conprising one or nore mcrophones, a
si gnal processor, and means for acoustlcélly reproducing sound signals. A
hearing aid may additionally conprise 10 neans for receiving, processing
and reproducing sound signal s from ot her sources, such as a telecoil or an

FM receiver. In order t IN@\AI%WIEHMII%SOPS%AW METHRY , the si gnal

processor of the hearing aid is configured to anpllfy sel ect ed frequency
bands based on a prerecorded audi o-gram of the user's hearrng | oss. For

flexibility reasons, W%Br%ﬁeﬁﬁé’veﬁ}tﬁée@'at% ta drearisaids-dYiam sPariEalye al

si gnal processprelates to a heaNﬁé%ﬁ@ h@@bﬁghﬁanhMo?déﬂﬁ audR Ed/dHcC@Hdéc@GIU' pped
wi th means for one- or two-way W rel ess conmmunication, .e. radio

conmuni cat ion.NGEEH %CPQFQS@QEBW%PCS&W% Hhgy/inyaptign §'t'ﬁ§ﬁ%r 5‘?'@%@ @ such as

speech, sui tabhgthfogroflz@cag,nbraaﬁﬁéncto@% 5@,@@ ddi@m the hearing aid in a
digital 20 form e.g. between two hearing aids or between a hearing aid and

anot her devi ce. | n stéwariag;dd dormbediadt P%ﬁ sTPalbr wepreble HRi A RATHIN% eepi ng

the transm ssigp & ﬁﬁOF@hﬁCl@%hbﬁ’é\é 3635|89§Isbr%l:85509n§nd3f”néalﬂ§ féreﬁéﬁlﬁlcélw this
being that an increase in bandw dth of a radi o comunication |eads to an

i ncreased poweEPEsHSNgEPBAd %n@ﬁ AI Hi‘e?[lﬂﬂ aids mayd@dditiedalln @meEse 25i ng

ai d. 10 riYB&n QY tr@cér@ﬂr‘éceperésst?hé arn%ltreedradé‘crqb%otlﬁrld ayfbr gbanal is
to encode and decode the srgna S using an encoder/décoder unit or

processor, cora¥Bel $oureeRrsuel asa trleeilcydit FMrepeiveke dncddastaallmdermt i on of
sof tware and rﬂera‘?mﬁrlo&@%ﬁaQ%‘é'rCﬂ%eegrgHQIr99’&&@5 rr&%wearmcérdne@eﬁﬁgm 30 of

the bit rate cones at a cost, In terns audi o bandw dth, reproduction
qual i ty, conputrad |t©r?émpllfbr$ﬁ|eéfﬁct veqwcorewyis based on a P@@Catqeé'ntwd'@o reduce

the bandw dth 4g ﬁweéﬁ‘ﬁwe@e@% rtébyﬁgngssd%wfr?&@c}wreé%sa glg“r‘ral Br%cleg"‘* Del ay

CELP Coder for t CaT Speec St an I n- Hwey Chen
et al, |EEB JRWF@WQH_E@IE@ARBASPTWGWVUNI CATI C]\IS Vol . 10, No. 5,

J 1992 Th di |
une e audi ovpagdwyLy rrear.ﬁ o %Q% r, m%t "ﬁré%ﬁyepa

conpl exity descri bed In that” arti c needs in a
hearing aid. one- or two-way wireless communication, |e radro communication.

Such wireless communication may carry sound signals, such as speech,

suitable for being transmitted to and from the hearing aid in a digital
20 form, e.g. between two hearing aids or between a hearing aid and an-

other device. In such radio communication, there is a desire for keeping

the transmission bit rate as low as possible, one of the reasons for this

being that an increase in bandwidth of a radio communication leads to

an increased power consumption, which, in turn, is undesired in a hear-
25 ing aid.

One way to reduce the bit rate in a digital audio signal is to en-
code and decode the signals using an encoder/decoder unit or processor,
commonly referred to as a codec, implemented as a combination of
software and more or less dedicated hardware. However, such reduction

30 of the bit rate comes at a cost, in terms of audio bandwidth, reproduc-
tion quality, computational complexity and delay.

One attempt to reduce the bandwidth and the delay time is de-
scribed in the article: ‘A Low-Delay CELP Coder for the CCITT 16 kb/s



51t is the object of the present invention to provide a hearing aid having

a codec which overcones the bandw dth probl ens nenti oned above while

keepi ng twe 20ommgusoat i onal conplexity | ow and still achi ecirmgkaey/@&ezrept abl e

reproduction quality. According to the invention this object is achieved by

a hearing 10 aid conprising an audi o codec, said codec being a tine domain

codec conprising a decoder adapted to geEerate a decoded out put signha

based on an input quantization index and“conprising a predictor and a

predi ctor adaptation, an encoder for generating an output quantization

i ndex based on an input signal, said encoder congrlsin sai d d gﬁ 15 and
i C

sai d predi ct orPREEERIGAdRP & %ﬂtéylrbHW§ygq:f%ﬁn ghal- d&tp q'Wf"—a tion

si gnal, wher eilEcree AREngtxmawMM@mamow@%u sodeloergri ned byoz.enqat ed
decodi ng of the quantlzatlon indices in order to mnimze the error between

the input si grMIQRENYNE b ERTeIHSRNGIUHEY 2NdFMIHEFEPHA! CAIMPIBHBART or uses

a recursive aujcpeed iretidtiRNcles hbWal&r, fderndthRe& ther ndddaiifia- he2lingadition.
By i npl enmenting such_a codec in a hearln aid, the above criteria as to

bandwi dt h ahd si gnal [td&i&P¢ ePischyf be P[ﬁSﬁnF I”é‘th\RHPItQ nexisiers hearpd 8id t y

relatively | owaigy Bocdbd& fakdh hakcohhe Wr@hUWhHSWEYmEﬁﬂoﬁétﬁ
decoding are simlar to those necessgtr% or the encoding. Thus, 25 |large

parts of the HRCYRAYEIE keeringieesmREESR ! %E'@é%ﬂ@”@f‘?‘(ﬁﬁh“tac@fﬁvﬂ'gl e.

t he dedi cated d@{é&%ﬁﬁdwré{ﬁ%%ctﬂfn Lh&itghi p used for either encoding or
decodi ng, as the case may be, be reused. This in turn saves physi cal

space on the chip, aécc@di?ﬂﬁart@dtﬁeo'ndéﬁt'%@'ﬁaﬂﬁlﬁg GeRfNEMeEdDY RCBRRMY uni t s

and decodifig Wpg Tc%mﬁrh#ﬁg l@adidg doReBNsAYRI: RANg R0tiRle SOmBRRESIeN t he
hearing aid. According to a preferred enbodi nent of the invention,

the codec conpioT¥¥&InEahgleraders daptady & yIYreEnhingesrdate OntRYts signat

quant i zation rideq Gt an¥AChOnt4aBhI A8k BRaARprising a predictof Bnbihe scal ar
guanti zati on node, the signal 1s synthesized froma scalar 1n a codebook

representing tmed@mjn@aa%hta% an eneaden et gRnegatng ierafitent re@etizatinn si gnal
i's synthesi Zeqncﬁéﬂ%éed’%%t 9h |hButasi‘§;9QPb§é%< ern%BEIéﬁs%‘MpHQm Qaldade%'o88r5‘|

shape, a SI.% gai n, a signal “si gn Havi ng means operating in
one of twoldi faﬂ"@r@ﬂ@ Pq%ﬁttolrz"éﬁlwﬁgmwltat'ﬁélSugi" ganﬁetamuttmg a@redei vel y

swi t chi ng bet wggn he
bandw dt% during a@ﬂ@ﬁ%ﬁ@@ﬁﬁthfé%@@c{ etlg%/tg&? ﬂcheééJga J\%\n rﬁ‘af or r%he
transm ssi on dieaaed“rdﬁ@pcbngﬁélthﬁ! quBhdzaiion mdiqgsdntdrdar fominioaee the erhe use
of the avail al,e ,oapdw didd| %’t s? | %ﬁdtth@rtﬁ@&éﬁbﬁ?% idHal Cartt whePdifBRy encoded

signal in the vector quantl or'ding to a further
preferred enbadediskr lmeStaweequmwmaumportﬂh@tlmaswrngteafoat tb@rﬁfmrswlmlﬂermr y
adapted fojyystagi,pg at | east one predeterm ned sequence of quantization
i ndi ces, and nmeans for feeding 15 at | east one such sequence to the codec.
This feature al | ows Bhémpledeanting siechus sddemin amegringrid, dpecahoyemyiteudi o

ignal s f | G D
signals trom had%tsatosBéﬁé\mdwcﬁd"@g;nfggﬁgﬂgﬁ‘@tre mﬁﬁgﬂul Y Wgﬁ%&g@() ¢ or

correspondi ng hearing aid a de evi ce,
sel ectively swonmiemgy réleticdddowbdievteriha factr Bwtithg opstetiams nacBapt ayback

mode in order ¢0pl %Xc@tﬂﬁ? QWA S UE by nRé&%g%@; ?r{}ﬁgtﬁﬁﬁﬁge%ﬁaésed on a

sequence of quantizatiron rndrces Sstore ring aid
Storing a dequeneepats gudrt hardivaos, aasnnjmmiemenmd]em at pranessirgpniptudcspgnal

enabl es the s ket R EEEIRRLLN Sl 0P The N BUP RS e AT AR O

i ndi ces when rea
or decoding, as the case may be, may be reused. This in turn saves

physical space on the chip, as compared to designs having dedicated en-
coding units and decoding units, thus leading to an overall saving of

30 space in the hearing aid.
According to a preferred embodiment of the invention, the co-
dec comprises means for selectively switching between a scalar quanti-

zation mode, and a vector quantization mode.



25 ing valuable space in the hearing aid nenory. In a further preferred
enbodi nent of the invention, the encoder conprises a codebook conprising a
pl uralitywof2oguemtdszati on i ndi ces, where said quanti zat POR/DIK2A09IES27dr €
arranged in a searchable manner in a tree structure with a nunber of
gquanti zation indices arranged in differ- 30 ent branches, and where each
i ndi vi dual quantization index is uniqgue go a specific branch. This allows
t he codebook to be searched in a fast and efficient manner based on
classified quantization indices, when repeat- edly searching through the
codebook in search of the optinmm quantiza- 4 tion index. _ I n
anot her preferred enBoHiSEeAURMHEIIRDRPHBNtE PigNBhiSoEENeRst rOBY a
codebook conprd staldr an P Wodlebbyk abprrsRAting athleOBighBdishgse. YWahe wadtér
guanti zation indices are arr In a searchable manner in 5 a tree

d
structure w t HIURNHERRG ”lﬂdqu'gggigi‘éf ISoTY NEMERIZESS T AMGEAT iTh 2 FfERP Yt

br anches, - and rebeisenahg afs signs 4y bcigal gantdngas signal aigex 1 s found in
nore than one branch. By overpoPuI ating the search branches with

quanti zati oh i ndi cesHPYBEMBEHE THAREREY] N oBe chitwardiferens antigtigft eci si on

in finding thene@d, THOLEKhEEARS FONsdIBEREly BRUCRBgBRAkEY thate Abdesoved at
very little extra conputational conp n an alternative

nmput 1al lexity. o
enbodi ment,  t FEOWEBHERXOEBHIZEONLTHRIATINGBHEY Hefapt-8dthoUtaPtul at e
quanti zati on itRdiz8fatle HapbhidtheMAd &ahBRsicH W%@Wsi%h& iRTtRdisehl on
signal. Calculating the indices in the code-book rather than sinply having
t hem t abul at ed@afgaNEERI Ry Meften Apthe mise| effhmaexailatie hassvidter forefis v

capacity fgj %r&%ﬁ%?&@ﬁ_dfrb.?h% §12Add-BACAHE: signal in the PEGBF duRBLEINEL O
anot her preferred enbodi ment of the invention, the said decoder conprises a

shape cod_ebool(na‘i'\%l a gain codebook, respectively, for providing a
quanti zation vector KeRr&SEM AGuAheP#PErerred embodiment of the invention,

the hearing aid comprises a memory adapted for storing at least one
predetermined sequence of quantization indices, and means for feeding
15 at least one such sequence to the codec.

This feature allows the codec to be used not only for reproduc-
ing audio signals from a data stream received from an external device,
e.g. a corresponding hearing aid, or a dedicated streaming device, but
also for selectively switching the codec between a streaming mode and a

20 playback mode in order to play back sounds such as predetermined
messages based on a sequence of quantization indices stored in a mem-
ory in the hearing aid. Storing a sequence of quantization indices rather
than a sampled signal enables the signal to be reconstructed from the
sequence of quantization indices when read out to the codec, thus sav-

25 ing valuable space in the hearing aid memory.

In a further preferred embodiment of the invention, the encoder
comprises a codebook comprising a plurality of quantization indices,
where said quantization indices are arranged in a searchable manner in
a tree structure with a number of quantization indices arranged in differ-

30 ent branches, and where each individual quantization index is unique to
a specific branch. This allows the codebook to be searched in a fast and
efficient manner based on classified quantization indices, when repeat-
edly searching through the codebook in search of the optimum quantiza-



20 val ue and a gain value, respectively. This enbodi nent enabl es the shape
val ues in the codebook to be nornalized, and utilizes gain values fromthe
gai n codewoakitta4s98al e t he nornmal i zed, synthesized out peCTAIK@/05pr7dper|y.
In a particularly preferred enbodi mrent of the invention, said 25 gain
adaptor is a backward-adaptive gain adaptor. This allows the gain adaptor
to adapt to the overall dynam cs of the aound si gnal . I n anot her
preferred enbodi nent of the invention, e predictor is adapted using a
recursive autocorrelation estinmate based on a second-or higher-order
autocorrel atign nodel. This has the advantage that little 30 nenory
capacity is néfef98% store historical values as conpared to correlation
nodel s involving a npﬂarﬁ&%@F%‘rM@rr@@rémbB@h%NQﬁ theNBvEeRiaHtthki ditaber

conplexity is Slﬁg%fl fi cantqﬁly reduced. In a parti cul a}r embodi ment of the
i nvention, t hé&OHEAISERGE aFUeRORK ATREENG & AWiality A cqWRHHASEPBr INGiESal t er i ng

the sanpl e ratgn&t Ry audhBzticNmdidesiRe drearRidnig £RegEBEbRYMbRReEAAEC.
Thi s enabl es the encoder of the codec to operate on a signal with a sanple

rate differentd ’fr%ﬁ@ﬁ@@d’i’ﬂﬂ? é W%Eere?rqulldﬁfgﬁapﬂ”t'%cqéfeﬁﬁfﬁﬂ@edaifbd@feénal

processor. ThustapraHERdErak Wétatolﬁakﬁohéﬁﬂmvﬁ&lrcﬁ%‘r‘r‘tu&@ﬂ"@rﬂtmcﬁ@( ig he
wireless |ink may be obtained i f the sanple rate of the coded signal is

| ess than the feanpiir mefeethen enfebrRchi By %Yedp‘bmﬂé@%%é?e SERENCIMERSS on from

the sanpl e ratgtRiguaheizB88hIAGIRErdM dther PRERLIRY, Al dthel Rfas3e8ethd S
performed prior to encoding the signal as a part of the pre-processing, and

t he conver si orPreEisIRN10 fineing shg patimaie q@ﬁ”%‘?ﬁi'%tﬂ‘ééxt gavhke gsgiiveiMat e of

the heari ngy aiglol &g B?Oér@rlf’fﬁé eé)&ttaeéorﬁﬁ’@t%ﬁbﬁgl &m@eR@yt of the
post - processing before the decoded S|gna s are converted back into audio

si gnal s. | nine2PpREEEIGtRE eRBediMat T eperder HPEHIS6A 2 €FBPHear i ng
ai d conpri ses JiRARS iEOBASIRLELhI At ML REARS ST nwo%éécdﬁréc"tl‘?quk@rﬂ(%h@ﬁnbet ween

15 the transmtter and receiver in the transmtted signal and nmeans for
modi fyi ng t he R¥ G aadding Riegiriioni gl deplcuiptivenihenadices finthe ikederet ect ed

differences. Bk KEALULEPARRLOSNANRG RER] WtaRAAN Godlifly LfiedoppMOdat €

and conpensate for the differences in clock frequencies tween the
recei ved styndliminatesHéenead g Aoy capagly W’ﬂ%ﬁoij%bqq)'ﬁalmd'iﬂﬂ Rearng o t he
wear er of the figaring aid. In a nore preferred enbodi nent of the
invention, the nmeans for detecting said differences in clock signal
frequencies is a di ght@@rdipagdeerdatdeleadtheroprefered enbeidinenteldineeinvernabl es

an asynchrono C |
conver ot on T acisy e SER! Aol LAR0ARAPS SngB PolMIoR JrtFa SRIELAIIRER, | .
reception of trhep@tgﬁla/l,,foasornwds“ygw@hﬂ@mtzzattlpOnV@itgrnaersreﬁe@tdw teo shape

transmtteg i n,Qndef, dtQ r'i vaa G(Qrf]&ﬁ)teldlv R}Tpﬂﬂéaér{ﬁﬂgﬁlrﬂéht E‘EmStBH%“ﬁ*V for the

sanple rate conversi on. urt prererre I ment I nvention
t he hearing als@apempﬂue§elg mfemebookd@tb@cmwmgahzredn ahe usiliremghingvateee of

sai d codec, 304 WAl B4R &BIR I hEFRAILRE, Y RndsSEs LAt R%&ighannel ,

bit errors in
nal properly.

In a particularly preferred embodiment of the invention, said
25 gain adaptor is a backward-adaptive gain adaptor. This allows the gain
adaptor to adapt to the overall dynamics of the sound signal.

In another preferred embodiment of the invention, the predictor
is adapted using a recursive autocorrelation estimate based on a second-
or higher-order autocorrelation model. This has the advantage that little

30 memory capacity is needed to store historical values as compared to
correlation models involving a non-recursive part. Moreover, the compu-
tational complexity is significantly reduced.

In a particular embodiment of the invention, the hearing aid



said data stream mneans for estimating a bit error rate in said data
stream and neans for fading the audio signal output fromthe codec. This
al | ows t wocotp4esdsi gnal fromthe codec to be faded rat irem/niK2a0v/456274 6 i ng
abruptly disrupted, which would otherw se be disturbing to the user of the
hearing aid. In an particularly preferred enbodi nent the codec
decoder conprises neans for receiving thg nunber of detected errors from
the 5 channel decoder and neans for settrng the excitation signal to the
predictor to zero or the null-vector when errors are detected, zero
representing the specific case of a one gi nsional null-vectaor. This

o5

m ni m zes t he SOMMRISES Gf SARBIC; 1ahH SN WITIfOE AHEFNG ANE AT @ GFTELYran e

invention al sqii@k@talgeon tdrbbiMetei@ded MyotheN®dBITHIECHHLNG the aiedtier
signals, said nethod | ncorBor ating the steps of providi Bgergngb_gl tal audio

g 1| .
signal, provi Qftge£od8e syePeRIa et SidhahHErasaMa et d M &ignal
based on an i npwiplEamRt éployen ih BNEXeanfly GRMBIGhSI frdcasdirethed afudngr a
predi ctor adaptation, providing an encoder conprisin decoder

51 Ng a. and a
predi ct or atlagEEEcH} it RABAWIHG ERAueRIqNit founthsi Yhslesaninko MPULE Al 15 a

predi ction si gamed iDENEERNDRIrAE 0P UhOBbdE ShbERLIENtHAMNIRE LAssd rafe an
i nput signal, using said encoder, determ ning the output quantization index

by repeated de&¥dBeA§aHNI RGRIGESES ol "Rr@N¥ESIAMITaPYHELE sRterieRe 2Ethehe error

bet ween the i Huaking H8ab tABGahiHfe PatRAbClHeddRE 96 BkrfoAEd ya@attb sl d
predi ctor using a recursive autocorrelation estimate. 20Preferred

enbodi nent s ofiNg {Be AR PSat @2FoRinte ArarREOgEYBAIANEARE CPAVARSIUNTORY ovi de

advant ages; ¢ ortheSpApI: Pkl o thBRBBeE €S Bhd BRHPRDAVE of the hearing Afisigd¥ent i on
wi |l now be described, based on non-limting exenplary enbodi nents and with

reference to tREMEE AMigiecRABIgeas Z5pag. ofithe: RasaRISEFS Y inefarst gt €8 t wo
hearing ai ds_ageesdiqiid Srel RfveREEUART@SLAS sRirary nal  devi ce,

fig. 2a and 2b show bl ock diagrams of the functionality of the codec in
ei ther one of the helr Pngrejedsdjemppgiment of the invention, the hearing aid

comprises means for detecting differences in clock frequencies between
15 the transmitter and receiver in the transmitted signal and means for

modifying the decoded audio signal in order to compensate for the de-

tected differences. This feature enables the receiving hearing aid to ac-

commodate and compensate for the differences in clock frequencies be-

tween the received signal and the hearing aid in a way which is inaudible
20 to the wearer of the hearing aid.

In a more preferred embodiment of the invention, the means for
detecting said differences in clock signal frequencies is a digital phase-
locked loop (PLL). This embodiment enables an asynchronous conversion
of the sample rate where the sample rate conversion factor is controlled

25 by said digital PLL. This simplifies reception of the signal, as no synchro-
nization signals needs to be transmitted in order to get a correctly com-
pensated clock frequency for the sample rate conversion.

In a further preferred embodiment of the invention the hearing
aid comprises means for detecting, in the streaming mode of said codec,

30 in which a data stream is received via a streaming channel, bit errors in
said data stream, means for estimating a bit error rate in said data
stream, and means for fading the audio signal output from the codec.
This allows the output signal from the codec to be faded rather than be-



fig. 3 is a schematic diagramof a nenory hol ding prerecorded 30i ndi ces,
fig. 4a shows a first exanple of a tree search, fig. 4b shows a second
exanpl e ovoaotwmesdsearch, fig. 5 is shows the gain fadi rgTax280%030zi on of
the bit error rate, 7 and fig. 6 shows a second-order recursive
wi ndow used in the auto-correlation estimation. Fig. 1 shows a first
hearing aid |la, a second hearing aid Ibngnd 5 an external device 2. The
first hearing aid la is shown in a schendtic formand the hearing aid |b is
suggested by its physical outline. Both hearing aids la and | b are adapted
to comuni cate w ch other, via a short range wireless radio
communi cat i ons"g i RU@%’EFR@%FQe“FWQVWQP@ gHEHY W%dEEW%UHiE%F@ﬁﬁFF% an
external unit oftMédechhRgShprt range 10 wirel ess radi o comunications |ink
3. The hearlng aid la hearln ai d congrlses an antenna, 51,

25 c¥®

a
wirel ess transcei ver 1823n PaHstIRRY B?etﬁe'ﬁ% afiment theyicofsnintedsa, and

an acoustic Olﬂoﬁhﬁrlsteé&ﬂéélh@%r |'=’_e'_te|vT tMé rn@hﬂﬁa& 6fr@ét§§t%'dV@*r0|552frbﬁ1 gapabl e of
receiving and transmnitting gitally encode ear- 15 ing aid

processor 50 ccé‘ﬁﬁf‘?'s%%coé.’ﬁr éﬁ&l 'Beé'i‘ﬁﬁ‘?ﬂ Se&F'B@é@@&xcgét'o'éﬁ'qfﬁbﬁ? the dnfrel

decoder 56, anyi@dfli @ dRGEABF e fulPAStoP! WRESSEMErPIREK defbcta) aufl O
preprocessi ng bl ock 59, an audi o encoder 60 and an out put channel encoder

61. In recept i"6RAT4F6BENY the SREeifie CasgREP PreoeiBransionss nuiavadidls T BY- i nput

si gnal from t hgnmartaphemRe: sftrNtarsBkionasisoread tripddidigs 1t for
reproduction by the acoustic output transducer 55 according to a hearing

ai d prescription. WhEM tYENHAR SPaPYides Gempdliochfai e epdieg andyaegodinte

transcei vefg 5%@%@@% %éldt H%tﬁ&?ﬁic\é?&or%hgé‘%he S O;% 8f %ﬁﬁrfm%b digRam for
further processing b tﬁ hearing aid proceSsor 5 he denodul at ed

channel st rearf4dio ﬁ@éé' FEOYHING Apgcodyr adapbed {o gﬁﬂﬁraiﬁ%\ﬁ%‘)d@éc%ﬂéwt 56 of
the hearing aighh ¢z2e8Yn aR inptref&arttiation index and comprising a predictor

and a predictor adaptation, providing an encoder comprising a decoder
and a predictor adapted for receiving an excitation signal and outputting

15 a prediction signal, generating an output quantization index based on an
input signal, using said encoder, determining the output quantization in-
dex by repeated decoding of quantization indices in order to minimize
the error between the input signal and the prediction signal, and updat-
ing said predictor using a recursive autocorrelation estimate.

20 Preferred embodiments of the method are found in the depend-
ent claims and provide advantages corresponding to those described
above.

The invention will now be described, based on non-limiting ex-
emplary embodiments and with reference to the drawings where:

25 fig. 1 schematically illustrates two hearing aids according to the
invention and an external device,

fig. 2a and 2b show block diagrams of the functionality of the
codec in either one of the hearing aids in fig. 1,
fig. 3 is a schematic diagram of a memory holding prerecorded
30 indices,
fig. 4a shows a first example of a tree search,
fig. 4b shows a second example of a tree search,
fig. 5 is shows the gain fading as a function of the bit error rate,



channel streamis decoded. The decoded channel streamis used as the input
bit streamfor the audi o decoder 57. The audi o decoder 57 decodes the bit
st ream byweyntiggsosi ng t he correspondi ng audi o si gnal s RETMK206v058174
codebook indices obtained fromthe bit streamand outputting a digital
audio signal with a relatively |Iow sanple rate. The digital audio signal is
used as the input for the post-processing bl ock 58, where post- processing
is perforned on the digital audio signal! The post-processing 8 involves
filtering, conditioning and asynchronous sanple rate conversion into a
digital audio signal having a relatively higher sanple rate in order for
the received §¥@nal to be conpatible with the audi o signal processing in

the audi o signal progese8hows-a sdtohbisrdeRYecdrbive SARBOR Uskbanahetdigor e- 5
ceived audio S|?nal may be | ower than the sanple rate in the hearing aid

la, allow ng fOFrePtRY &SEP#EQY-ent transmi ssion because fewer bits have to

be transmtted via thg. WMhaWess fikdtateeigVl 122.a second hearihg didl aBSaASSI ON
node, the audi o processor 53 prepares a digital audio signal for

transni ssi oh '3 EXErIR!r ¢\ass 2t (TARSTHSE \erring 3id kanis sRAVYBHIR alfifhieﬁba%y: A
digital audio fgiingld tise hedrihg dida rAdb @ JestR B7assS bAPsiBAIOSKIiRE. wheT € t he
digital audio signal is resanpled and converted into a digital audio stream
with a | ower shﬁﬁ’ﬁ'lné Fids da arkle IEiiaQ‘? PAPPEIdOoCUP MERIFAFS WEHRCBREWOTNSE &id bi t

streamin the £864eH B8 wiFBless PhdioSESBAIINGRAIBAL 38K 2. E%M@@ﬂwé?j afodebook
guanti zation indices representing the digital audio 15 signal. The bit

streamis usedd3et§dpatcomppupikateoWiBuRncrsiered eMEddeia he shiRer 2R hannel

streamis geneyigd esh rathe cshdetatdnsamm 3.rom t he out put channel encoder 61
is fed to the input of the wirel ess transceiver 52 for nodul ation, and

transmitted wirel essIhe ViearipHedidni@niRer 810, aith €OBWAGRF dth aBfet e 5dhatt range
wirel ess radi QicQERlIRHALAiPAS 580 ol h&drind BRI bIdBE&S BECAUSRrEMROYET
consunption of the radio circuit in the hearing aid 1 has to be kept down
due tot he i rﬁf‘lde%f' peNesticr @iyl E@ssdyces E@él’hen\girgliegg, tvan_tsyfpjveraEZ pafaw dt h
or i 5o RIELP My B SR8 et TR pose
15 ing aid processor 50 comprises an audio signal processor 53, an input
channel decoder 56, an audio decoder 57, a post-processing block 58,
an audio preprocessing block 59, an audio encoder 60 and an output
channel encoder 61.
In reception mode, the audio signal processor 53 receives an
20 input signal from the microphone 54 and conditions and amplifies it for
reproduction by the acoustic output transducer 55 according to a hearing
aid prescription. When the antenna 51 receives a wireless signal, the
transceiver 52 demodulates the received signal into a channel stream for
further processing by the hearing aid processor 50.
25 The demodulated channel stream is used as the input for the in-
put channel decoder 56 of the hearing aid processor 50, where the
channel stream is decoded. The decoded channel stream is used as the
input bit stream for the audio decoder 57. The audio decoder 57 decodes
the bit stream by synthesizing the corresponding audio signals using the
30 codebook indices obtained from the bit stream and outputting a digital
audio signal with a relatively low sample rate. The digital audio signal is
used as the input for the post-processing block 58, where post-

processing is performed on the digital audio signal. The post-processing



25 cations link 3 is used is stream ng of audio signals, e.g. audio signals
may be streaned fromone hearing aid to another, i.e. fromone side of the
head t o awot2bawo44898 what is referred to as Contral at er alPCR®K2009g50574
Signals, or CROS. Signals may al so be streaned to a hearing aid from an
external device 2, e.g. in order to transmt, via the external device 2, 30
the audio fron1other sources, such as TV-sets radi os or the |ike.

Because of the |inited bandwidth of the §hort-range wireless radio

comuni cations link 3 it is, however, necessary to conpress the audio
signals to be transnltted The hearing .aid 1 therefore conprises a 9 codec

according to tRA¥IVESElerag, CW&'%’&%@%@”PFW@PP% EAMPIE 5. COPNCHIRD Fig. 2b

as an encoder jafda Aigles edal sugﬁélmumggl %latH@Y‘ﬁM?her%érrWlé kateanraradt | y
appreci at ed byphgqnegarl son of Fi as eugl ai ned in further

detail bel ow FReSHEd ?'ﬂ'&?irtgd?ea%@p?ﬂ'%'ed’g'&fb&'é‘? AUFRUEINIHEO5e R i war e of

the codec, i.gn tha%uaaf tignafl pideessrisith Y Wa?ntH@TSé}ﬁpFeht%té Rehé eaal ity of
t he codec I S execut ed my serve t wo pur poses. In turn, neans t hat

the very saie SOt gignahaiay %ﬂ?%ﬁ@?ﬂttﬁ%éaméf FRtEdRGPe NEaBRg W4 h t he

encodi ng and detlbithd te hiRalerfdentangndrRdyind afeeyusd févh;ﬂ—stﬂtspﬁéxﬁétd)f the
chip is avoided. Valuable circuit chip space is 10 thus saved in the

hearing aid. Dbe transmitfqdyvia ghe wWrejeds) GRRSCERISE ML i ¢ showi ng an encoder

according to the i nvenibREmMistR @oeedele S%Brdréé'éssar fSBrp'?EpQ*efs,faeai%&éﬁ node
5, a filter adaptation block 6, a perceptual weighing block 7, a vector

quant i zati on HUSEKksigRal fRrdcansarsHorARY ithatieHess féérkscgb/eraﬁ%lad@séelkow ock 9,
and a de- {5 GREing: ngé;li’clapﬁﬁdlgcélgﬂg’i@s deredtngasb HPEBr‘b}éegé?né’%m&'ﬁs a

gai n adaptation bl ock an anplifier 12, a predictor block 4,
predi ctor adap¥Rerediepiigiéal audio signal is resgraplgtand serMestachisge asF'@ﬁQ ent ers

the filter adapi sQ@ahl QR & Ié\ﬂé} E&‘r%pfe' Fa‘%E q*héfo@él%%m@?reém f&nent he

output fromthe difference bl ock ed either to the scal ar
quanti zati on Bicgeft g arbit strep@ '|nn'f51§3t GQﬁOdﬁh&Ome%bttLﬁéreamW@mﬁrﬁ@Sm ock 7

for conditi 0”'é%auéﬁé‘é’&ﬂ&&ﬂabtoek%u%‘ﬁfu‘ié’c%#ﬁfldlé’&' r%BFé&QtuBHQﬁE'd%talE%uo

per cept ualjl)% i'ghted signha quanti zed Into veCtors 1n the vector
quant i zat i gk 8he hD’eE@ﬁ@lmn@ @)‘iﬁd/\ﬁ%t”ﬁ@#t @rstbmwtquah@nrz%{tqn@ﬁd@rr a

vector quanti '612%@§'é)@hé§néf%%ﬁéanﬁ he Qh@r%EédzeﬂmVafé el eregﬁﬁtrg[p Er?kf“ CEs,

respectively, are to the correspondi ng I nput e Cco ck 9.
The codebook Biuekt chauepgneodershiajsefedriae eapptmf et voalespdransgeivar i ndex

e eeng Ton. SRk R OSAT R R kS drett gl ke, L L0e
si g- The bandwidth of the short range wireless radio communications
20 link 3 is limited because the power consumption of the radio circuit in
the hearing aid 1 has to be kept down due to the limited power re-
sources in a hearing aid. A typical bandwidth for wireless signals would
be from 100 kbit/s to 400 kbit/s.
One purpose for which the short range wireless radio communi-
25 cations link 3 is used is streaming of audio signals, e.g. audio signals
may be streamed from one hearing aid to another, i.e. from one side of
the head to another, in what is referred to as Contralateral Routing of
Signals, or CROS. Signals may also be streamed to a hearing aid from
an external device 2, e.g. in order to transmit, via the external device 2,
30 the audio from other sources, such as TV-sets, radios or the like.
Because of the limited bandwidth of the short-range wireless
radio communications link 3 it is, however, necessary to compress the

audio signals to be transmitted. The hearing aid 1 therefore comprises a



30 nal is generated by repeatedly adapting the gain and the shape of the
synthetic signal to the actual input signal. This approximation is per-
fornmed byw@iznimi4z898g the error signal fromthe first di PCemxro®/050zfe 5.
Once the error signal is mnimzed, a vector quantization index or a sca-
10 lar quantization index, as the case may be, is output fromthe encoder
for transm ssion. As nentioned, error mnimzation is done by
repeatedly conparing the input signal toZa synthesized signal in a
trial-and-error process 5 yielding a nunber of different quantization
indices as an output. Each of these different quantization pndices js fed

to the codebod®d6¢ 2RI ING HuthsiMysALION: She (REed st Bystratathiligc ke Ser ves

as an excitatimg 3t @Badn EAtoddreanyy eiebler, drespéctivies,. ensiv@fert € will be _
trial-and-error %r ocess,  the 3uant| zation index vyieldi g%lthe | east error in

the dif f er encECRdHe ABPIESIAEE BY SLOMAZ 08Pl 985 22 KEdotR pitd §Ri&PIaRR] on

i ndex. The pr Qﬁ&ﬁﬁchbﬁdbﬂﬁlnbél@ﬁ/f @Iﬁé@ﬁcécjﬁ#&ﬁ&@r@bkt&@ tRE Aeklgerd Tﬂw@%}ltﬁé ng
out put data stream suitable for transm ssion over the short range wreless

b f
radi o comuhi WA PhiEhe TBRd§CdhEa thie Pas P R FTFLE RUP 28 WHHAHEI to the

original sanplrgActidHmty of BR@kodec ist esterutst anﬂﬁ%@ﬁ/%?fv\yo bArpds@BSThis, the
quanti zation indices for the 15 codebook 9. The 8al n adaptor 10 scal es the
si gnal from t HEMoAEBBBKNIL Shei VEBHhERBIESPRM® CARATVRES: M3y rendites the

provide an anfdrfwgeh uSks AstadheWRUbINY ittbedind RthdRiopdii§t @hd4edun-
The predictor 4 is controlled b¥hthe predi ctor adaptation block 11. The

predi ct or adapteRCY &h thesscRarty of sheghigrie @ypidtede Valuaple el chipspgegis 20

di ction om@reu|,94sveXrf thathdingi £gal s corresponding to the previous output
quantization indices. Fig. 6 ill'ustrates the weight applied to signal

sanpl es versus time Fif- ZawSnd AP TUREITBH I@ShAYEW M HACEEBPUAREE NG P t he
present i nventh@nnyditforti IROBHESHS L dRREN) P&l Boreiidenfsi@s, a Aitkor n> in

adaptation block 6, a perceptual weighing block 7, a vector quantization
block 8a, a scalar quantization block 8b, a codebook block 9, and a de-
15 coding sub-block 20. The decoding sub-block 20 comprises a gain adap-
tation block 10, an amplifier 12, a predictor block 4, and a predictor
adaptation block 11.
A digital audio input signal enters the filter adaptation block 6
and the first difference node 5, and the output from the difference block
20 5 is fed either to the scalar quantization block 8b or to the input of the
perceptual weighting block 7 for conditioning according to a perceptual
weighting function. The perceptually weighted signal is then quantized
into vectors in the vector quantization block 8a.
Depending on whether a scalar quantization or a vector quanti-
25 zation is used, the quantized vector or scalar indices, respectively, are
fed to the corresponding input of the codebook block 9. The codebook
block 9 outputs a shape index approximation and a gain index approxi-
mation from the indices to the decoding sub-block 20. In the decoding
sub-block 20, a synthetic approximation of the instantaneous input sig-
30 nal is generated by repeatedly adapting the gain and the shape of the
synthetic signal to the actual input signal. This approximation is per-
formed by minimizing the error signal from the first difference node 5.

Once the error sighal is minimized, a vector quantization index or a sca-



Wi(fl) = bo for n =m1l K -lak Whi (n-k) k=1 for n <m-1 25
W ndow wei ghted signal 5, at time mthus being: s ,n(n) = s(n) ' W,n(n)
WO 2011/044898 PCT/DK2009/050274

10

lar quantization index, as the case may be, is output from the encoder
for transmission.

As mentioned, error minimization is done by repeatedly compar-
ing the input signal to a synthesized signal in a trial-and-error process
5 vyielding a number of different quantization indices as an output. Each of
these different quantization indices is fed to the codebook 9. The output
signal from the decoder sub-block 20 serves as an excitation signal for
the predictor 4. At the end of the trial-and-error process, the quantiza-
tion index yielding the least error in the difference node 5 is then se-
10 lected as the output quantization index. The process is then performed
repeatedly to provide a resulting output data stream suitable for trans-
mission over the short range wireless radio communication link. This da-
ta stream is compressed as compared to the original sampled input sig-
nal as it is only necessary to transmit the quantization indices for the
15 codebook 9. The gain adaptor 10 scales the signal from the codebook 9
and controls the amplifier 12 in order to provide an amplified, decoded

output signal for the predictor 4.
The predictor 4 is controlled by the predictor adaptation block
11. The predictor adaptation block 11 is autorecursive, i.e. bases its pre-
20 diction on previous excitation signals corresponding to the previous out-
put quantization indices. Fig. 6 illustrates the weight applied to signal
samples versus time in a window function as used in accordance with the

present invention. The window function W, (n) being defined as:

0 for n>m
W, (n)= b, Jor n=m-1

K
—Zak-Wm(n—k) Jor n<m-1
k=1

25
Window-weighted signal sy, at time m thus being:



WO 2011/ 044898PCT1DK20091050274 11 Autocorrelation at time mfor lag T is:
1Z,n(r)=ism(n) . s ,n(n - T) n=-co 5 Were R is used as an input for a
Levi nson-Wor2biwn4adegori t m yi el di ng the predi ctor adapt at iPOn/DK2e#%(5017@nt S.
For values larger than m Wr(n) = 0 and consequently 5m(n) = 0. Causal
autocorrelation at time mfor lag T is thus given by the formula: Rr(r)=
Ism(n).s,n(n-T) n=-co For the specific calse of a second-order recursive

wi ndow, the above formula reduces to: R{T)=0)-(ai.r. i(T)+a2.r. 2(T)),
wherer. (T ) =s. (m- 1). s. (m-1-T) =s(m-1). W (m-1). s(m-1-T). W
(m-1-1-) 20 If the auto recursive window is based on franmes rather than
si ngl e sanpl eso“{tﬂ%orég%ﬂ'&l%?:'ﬁéermaﬁfd%%?; el ation window is given by: R (-)=
r.(T)-(ai.r. , (r)+ a2 r. 21(r)) 25 Were L r,n(TM=IsmmO0.0ml-T)

5 Where Ry, is used as an input for a Levinson-Durbin algoritm yielding the
predictor adaptation coefficients.

For values larger than m, W,(n) = 0 and consequently sm(n) = 0. Causal
autocorrelation at time m for lag t is thus given by the formula:

10
R, ()= Ys,(n)-s,(n-7)
For the specific case of a second-order recursive window, the above for-
mula reduces to:

15

Rm(r) = rm(r)—(al-rmfl(r)Jr az-rmfz(r)), where
r,(t)=s,(m—1)s, (m—1-1)
=s(m—1)-W, (m—1)-s(m—1-7)- W, (m—1-1)

20 If the auto recursive window is based on frames rather than single sam-
ples the second-order autocorrelation window is given by:

Rm(T) =T, (T)_ (al RO (7)"' AT, o (T))

25 Where
()= Y s, (m=1)5,(m~1-7)
=1

s(m—1)-W, (m—1)-s(m—1-7) W, (m—1-1)

1

L
1=



1=1 = is(mi).w(mi).s(m1-T).w.(m-1-) 12 and where L is the
frame-length. The predictor 4 is only updated once for every frame, thus
savi ng tiwe.20iwn4e89der to |imt the nunber of vectors thaCThazeovmsoize kept
in 5 the codebook and searched through within the available tinefrane, the
vect or quanti zati on codebook preferably holds only nornmalized vectors, i.e.
vectors of a unit length. The normalized vectors nust subsequently be
multiplied by a suitable gain factor in drder to provi de the correctly

scal ed vector. In the gain nultiplication node 12, the nornmalized vector 10
out put fromthe encodi ng codebook 9 is nmultiplied by the gain factor from
the gain adaptation block 10 in order to yield the excitation signal for

the predictor #hd where L is the FR@neakmgthagher préardtyakiiononly upteter abty based
on a separate ai n codebook, yielding a separate gain index to be included

in the output REEYRIXHTIPS: HBIS SayHktime. The excitation signal X(t),

whi ch i S present ed thtd”raetpf@ﬂhﬁﬁ tHe ﬁuﬁwlb!e!ﬁ of OktieYs thitendver tib@ ke In =
(s(schi, Egg Where s is the normalized shape vector fromthe

shape code e C@dﬁgo‘%énﬂ (FSBEANCANEsLI Y Mt T g Aitabie Sianeffamgathe

codebook and Gdcfort Higardlz8B8h @RBodidprereranly Hofdy BRlySE&MdIREM Jectists, 2a and
2b, the gain factor is also con- 25 trolled adaptively by the gain

adapt ati on bl d& VeSOV P HBFHﬁ'l“iltf‘ea_h&a”‘?fn?%'a%é’éac@rré m%%tdsuqsﬁﬁu‘éfﬁ'&h
adapti on coul theerdiitifiRld Byl fitdHRE Yail ¥R tdOMBIdEr o PVECRIE corréday @) Xt

-1 30 scaled vector. In the gain multiplication node 12, the normalized vector
10 output from the encoding codebook 9 is multiplied by the gain factor
from the gain adaptation block 10 in order to yield the excitation signal
for the predictor 4.
The gain factor derivation is preferably based on a separate gain
codebook, vielding a separate gain index to be included in the output
15 quantization index.
The excitation signal X(t), which is presented to the predictor 4

thus follows the formula:

X(r)=(s(scbi, )- glgebi,))- G)
20
Where s is the normalized shape vector from the shape code book, g is
the instantaneous gain from the separate gain codebook and G is the
global gain factor.
As can be seen form Figs. 2a and 2b, the gain factor is also con-
25 trolled adaptively by the gain adaptation block 10. When normalized gain
indices are used, the gain adaption could e.g. follow the recursive formu-
la:

G(t)= o T,(gebi)+ (1 -a)-G(t 1)
30

Where G is the gain value, t is the current sample, t-1 is the previous
sample, a is a decay factor, and Tg(gcbi) is a mapping and/or function of



13 the gain values, gcbhi, in the gain codebook. By appropriate choice of a,
the historical enphasis of the gain adaptation can be adjusted. The

functi on WQ 20s1/q@es9Ber ably a non-linear function, such agCrhxzpovesn27ef 3.
This allows the gain values of the gain codebook to cover a wi de dynamc 5
range though stored in only a few bits, thus three bits cover the range
fromO to 343, or 72 dB, rather than just the range fromO to 7, or 26 dB.
As mentioned above, the available tine fiot searchi ng the code-book and
trying out the resulting excitation signals is limted. It may 10 therefore
be difficult or even inpossible to search thrgtrjrgh al | 1uanti zati OP vectors

in the encodert"8SR¥bYBIER ERPIn KRG GBI E99RPPPKEY JRPTPRMAGSNGS: & ¢r ef erred

to classify thaeWestbAES diipifadid 6EtHE IR ladbptARM R b LRtdd. heSRAECh Of
first an appropriate class, and then the best quantization vector_in that

class. As ill XY e EdPisiengey, anpn-tinrarNngtiomt $4R- a5 5" PEWEU &8 Porivil to

VN have been apiangRdghin ¢hlaeses the §n @Hdebbsk FBXdoVemaWidredyRbmsear ches
to be perfornmed is hereby reduced from W to M+ However ,

N.
cl assi fyi ng® t Hangedbeygh %Fpr?ﬂi@ aRn AefevpBitentiugl thyee REP ¢a¥er Eerygs vect or

because it mayratolah IM3berimp apdidther ein GstShe rahg@lraiHfd ki 26 me i s
avail able, this drawback may be mtigated if sone redundancy is introduced
in the classe€lB-that is, some classes contain copies of vectors from other

classes. This is illnsticHtRfhelmHIVE, tﬂ@avé‘ﬂh@_l@ti%@f&r‘ @crﬁl%fﬂ_ﬁé cBdeoPY Of_
the el ement V21 fromthe class C2. Thus, unlike the codebook illustrated in

Fig. 4a, wher @08%caNq AENINY A thguEasuiting ryeitaton pigerlsi s limitgde It onay

speci fic biangRerffotdBe SHREGRIR EVhePrpdRbiblEas e tihmgl.i,lqﬂ dHajuamuagt i zation
i ndex, such as V21, is found in nore than one branch of the searching tree.

If the hearingicdi deCtors tmetheheproghr Wodehoehavituper dhvartiaairanser dalis zed,
has suffici enty,BfdGRsS BdIg BRI claddify thePPESbR f BOredltMlRiR bRE paf-

quanti zation vector analytically as'an alternative to |ooking up the vector
in a codebook.fomAwstrep pepecidofofirst @ntanpipRdaterdasse @drivenrthg begbdrated form

the codebook 9;5tigh&fcforf M”fj\taitctrl‘as%?A%ui'lléétiré‘c%dtiHeFiM.e%,OEﬁe peR&fliaAtizhhe 1 nput

quanti zation index. This reduces the nenory capacity neces-

15 tion vectors Vi; to Vuy have been arranged in classes C; to Cy. The max-
imum number of searches to be performed is hereby reduced from M'N
to M+N.

However, classifying the vectors in this manner potentially ex-
cludes the best vector because it may actually be in a different class. If

20 sufficient time is available, this drawback may be mitigated if some re-
dundancy is introduced in the classes, that is, some classes contain cop-
ies of vectors from other classes. This is illustrated in Fig. 4b, where the
class C; has a copy of the element V,; from the class C,. Thus, unlike
the codebook illustrated in Fig. 4a, where each individual quantization

25 index is unique to a specific branch of the searching tree, at least one
individual quantization index, such as V;;, is found in more than one
branch of the searching tree.

If the hearing aid, or the chip on which the codec hardware is
realized, has sufficient processing power, it is possible to calculate the

30 quantization vector analytically as an alternative to looking up the vector
in a codebook. Thus, instead of containing the vectors in a tabulated
form, the codebook 9 stores a function calculating the vectors based on

the input quantization index. This reduces the memory capacity neces-



14 sary to store the codebook. Evidently, the skilled person wll
under stand that the enbodi nent having a structured search tree codebook

st ruct ur eyvotzbe/ames8di nent havi ng a redundancy search tr eeTmitewosh274
structure, and the em 5 bodi nent having neans for calculating the

guanti zation vector analytically are preferred enbodi nents, but that an
enbodi nent incorporating a full search in the encodi ng codebook 9 is not
excl uded. As can be seen fronlﬁfb. 1, the hearing aid Ib may
conprise a post-processing stage 58. The same is the case for the hearing
aid Ib, 10 but not visible in the figure. This post-processing stage 58 may
conpri se varlGﬁéyﬁ?ﬁU§e5?eﬁ8§?mﬁﬁbcessing such as sanpl e rate conversion,

output fading and otpateR®st tHd ls[fuﬂédl Qﬂrﬂﬂﬁﬂz\ﬂﬂ iupaerstyhe thap efd@tdnitshdin t he
stream ng node, the %uallt of the out- IJo data stream of indices received

depends on thén%rb'j BRYNGeR SHyRBIred 5eqIR ey BidepARK shisituarke SWPiess

radi o conmuni Qﬂémtoﬁévlhg réakred|u'f~|db|h<§1,/ §ééh:h fl?ée E&fé@obﬂ%th&@&@e%nh%ew or
beconmes disturbed by interfering ra- dio signals or the I|ke t he data

st ream of |51d|t19é1§nﬁﬁ“i ha&'ﬁﬁt@ieﬁ”%‘?’écé'ﬁﬁ'aﬁ’ﬁg her §YandizaEion Heckqrgppalyt-

deteriorates. dally ré@refePredV@inBobinydrits, biketHR- arpé%ﬁaﬁﬁ'erﬁtulh%k?ao%tﬂ@'
breaking down in a disturbing manner due to the 20 presence of too many

errors in the dSRFENIN S BFEPINT crsteRoek ﬁéérﬁOtlePi@UH@‘érl ng aid conprises

means for detecting g tQh Hel behhPoRUEiBUL, diad ﬁe§ﬁ|ﬁ@%m ﬁBQﬁé\)’%anb\f%E g he
short range wirel ess radi o communi cations |ink 3. he error rate becones

hi gher than a ROSE®EREESAINGeta8e A& Tt ame He the Case for the hearing aid 1
10 but not visible in the figure. This post-processing stage 58 may comprise

various kinds of post-processing, such as sample rate conversion, output
fading and other post-filtering operations.

When operating in the streaming mode, the quality of the out-

put data stream of indices received depends on the objective signal

15 quality of the short range wireless radio communications link. If the sig-

nal received becomes too weak, or becomes disturbed by interfering ra-

dio signals or the like, the data stream of indices will contain more and

more errors as the signal deteriorates. In order to avoid having the re-

produced output signal breaking down in a disturbing manner due to the

20 presence of too many errors in the data from the output data stream,

the hearing aid comprises means for detecting errors in the output data

stream received over the short range wireless radio communications link

3. If the error rate becomes higher than a predetermined error rate, the

post-processing block 58 fades out the signal in a graceful manner, i.e. it

25 turns down the output signal level over a short period of time. Thus, the

potentially rather disturbing noise produced by other digital streaming

signal systems when the error rate becomes too high, is avoided. Prefer-

ably, as illustrated in Fig. 5 this fading is performed by constantly mea-

suring the bit error rate (BER) in the data stream and using the BER to

30 control a gain reduction based on a hysteresis. Whenever the BER is

above, say, 0.01 errors per bit, i.e. the signal quality is poor, the output

gain is reduced to the low value Gg. If the BER falls below 0,001 errors

per bit, i.e. the signal quality is good, then the output gain is increased



post - processi ng bl ock 58 fades out the signal in a graceful manner, i.e. it
25 turns down the output signal |evel over a short period of time. Thus,

t he pot erwpDabiwo4ssa8her di sturbing noi se produced by ot heCTHKeIS0xUr eam ng
signal systens when the error rate becones too high, is avoided. Prefer-
ably, as illustrated in Fig. 5 this fading is perfornmed by constantly nea-
suring the bit error rate (BER) in the data stream and using the BER to 30
control a gain reduction based on a hystetesis. Wenever the BER i s above,
say, 0.01 errors per bit, i.e. the signal quality is poor, the output gain
is reduced to the | ow vaI u? . If the BER falls below 0,001 errors per
bit, i.e. the ®it§rACRY0&IY3'Ye 5o good, then the output gain is increased 15

to the nominal val UEeTKa channel encodBge 6qh@rﬁrtﬂle ﬁwﬂmg .61prtaﬁarrablk)ea Forean ng
is preferably a Forward Error Correction cq de). The FEC code

error correctiWRId(BEPr &?ﬁre&E‘PB&qd@n(F@&pé‘W% tTJ‘e( ﬁ'@ﬁ ‘iogeo%rtr%rr APHEEEHY t he

Hamm ng di s- Jetpnee &’é’fbctldmfééﬁalﬁlhgl (&d)alsi @&@hinfhed” 99 thedGarmn®lAY NdisFr om
thlsrelatlonshlplt is seen t etection is a sinpler schenme. In this

i nvention we rfA)C%Erint MECEX En¢ AelpEANENIgAIeC T .98, <t%@ AR this relAEORT edi ct or

4 1o zero or tdag iuisl seepCial dMteaRYers @rsi’rﬁb%r%rcﬁeﬁﬂ%t eattAd inlBhBoMawe the
effect that the transm ssion error has mninmal influence on the predictor

4, because 10 TRE Set Fshext@tionptiendls i-Rothg m%dlaéea Predictaiet Rprere ehe gain

i's updated wi ttheanARVECtHP et} RrAfBRIraldRBctld0GHid Has the EirdcBsHbE S 1N
the fading of the gain in case of consecutive transm ssion errors.

To obtain ver)FhﬁGWW@'&@T@rﬁélasdBWékIntf‘y’eacﬂamizhﬁ@r%‘éié@rl“s basprsed in
the preferigd gEROAHARDL iMsINE KotlintroalEes ABIhAEr89te gain is updated

with a zero in the gain adaptation block 10, which results in the fading of
the gain in case of consecutive transmission errors.
To obtain very low computational complexity a Hamming code is
applied in the preferred embodiment Using e.g. Ham(24,18) having a
15 Hamming distance of 4 hence allows the detection of up to two errors

and in case of only one error the correction thereof.



15 Hanm ng di stance of 4 hence allows the detection of up to two errors and
in case of only one error the correction thereof. 16 PATENT CLAI M5

1. A hearwogonid4898npri si ng an audi o codec, said codec Ipeirmg2a0%isn4donai n
codec conpri sing a decoder adapted to generate a decoded out put
signal based 5 on an input quantization index and conprising a predictor
and a predictor adaptation, an encoder for generating an out put
guanti zati on i ndex based on an input si |, said encoder conprising said
decoder and a predictor receiving an excitation signal and outputting a
prediction signal, 10 wherein the output quantization index is determ ned
by repeated decodl ng of the quo‘aﬂ_t iEalibn hdi fed M Srder to mininize the

error between the inpup Hdagingl aiandnigisiny afi fldi®Roségnald cédst being a
wherein said pr edi ct or ada gt ation uses a recursive autocorrelation estimte

for updating tHBESPERIRCBTSC 49YBPrANBearing ai d according to claim 1,

wherein the codec COé“del@édéeédaﬁ&éascof@éne&@iee‘a‘tdlét%klﬁd%Mtb@t*’”su@ﬁab@by@ﬁn a
scal ar quantization nmode and a vector quantization 3. A

hearing ai P ac¥b?i thwaatlgﬁﬁmIraﬁexzan%eﬁmpir@mgga é’r%ﬁ‘i?(?”é’d%@(%c‘r or
storing at |east a@586apbrdet erm ned sequence of quantization 20 indi ces and
nmeans for feeding at | east one such sequence to the codec.

hearing ai d accor di n@ €HCa¢ BrieIYieratind e UL gluansizadon \)\W\%ﬁf"epﬁseschl d

encoder conprigesn %&Qi‘i‘églmks&@@%b%m&rﬁpr@il% ahidt are&tjeﬂlaaatd Bl @Br
i ndi ces, where said quantization indices are arranged in a searchable

manner in a trréée'g't'"'rgLth B @ARONFIEN 3 @RE AU BTG PSR Bhsighal, 25 di ces

arranged iy di fferenjnbrRnohes ouif éi‘(ﬁ%ﬁ{tﬁzat?l@ﬁhm'd@QI 4 GH@rnﬁh@dﬁtHyz%l on
index is unique to a specific branch A hearing aid according

to any one of ReRted arqfing o8 theuqepetizRton @dﬁédﬂ@*d@b%m'ﬁ@%'zﬁt'&%@ébook

comprising a Rbhbetidsh e AHBOLEARLARIHiddlidaRtion g, 844 d quantization
i ndi ces are arranged in a searc mnner 1N a tree structure with a

number of quanti zat i WheraiiisadsP@dicngadaptatian fises enfeqrate redocaRlanher e at
| east one |ndlt}@ndé@m&%%ph?agﬂ,p@tﬁélg@a,étgrfound in nore than one branch.

6. Ahearlnsg ard accoAh o any one of the clainms 1-3, wherein
earing aid accordlng to claim 1, wherein the codec com-
prises means for selectively switching between a scalar quantization
mode and a vector quantization mode.

3. A hearing aid according to claim 1 or 2, comprising a memory

adapted for storing at least one predetermined sequence of quantization
20 indices, and means for feeding at least one such sequence to the codec.

4. A hearing aid according to any one of the preceding claims,
wherein said encoder comprises a codebook comprising a plurality of
quantization indices, where said quantization indices are arranged in a
searchable manner in a tree structure with a number of quantization in-

25 dices arranged in different branches, and where each individual quanti-
zation index is unique to a specific branch.

5. A hearing aid according to any one of the claims 1-3, wherein
said encoder comprises a codebook comprising a plurality of quantization
indices, where said quantization indices are arranged in a searchable

30 manner in a tree structure with a number of quantization indices ar-
ranged in different branches, and where at least one individual quantiza-
tion index is found in more than one branch.

6. A hearing aid according to any one of the claims 1-3, wherein



17 said encoder conprises a conmputing device adapted to cal cul ate quanti -
zation indices directly fromthe input signal and the prediction signal.

7. A hearwogonid4sscordi ng to any one of the precedi ng ecaiprpoodser7ei n sai d
decoder conprises a shape codebook and a gain codebook, 5 respectively, for
provi ding a quantization vector representing a shape value and a gain

val ue, respectively. 8. A heari aid according to claim7,
wherein said gain adaptor is a backward “ddaptive gai n adaptor

9. A hearing aid according to claim1, wherein said predictor is 10 adapt ed
using a recursive autocorrel ation estinmate based on a second-o

hi gher - or der S&HbDEBFIIE LOMRNISEE Fefomputing devicgpdagtegpth Fﬁ'ﬁ“'&ﬁjq%{é'&%r ding to

any one of theapbRGREtEYdIFERITHomMIRIiBbOE §.aﬁam&rtMpr@ddct@ar§manaaes a sanple
rate converter for alterln t he sanpl e rate of an audi o si rior to

bei ng encoded by t he’-cOd¥ETINg5aid1accargig, t Prigafiee QEEB?dﬁrﬁﬁeCi”E)gé dne of

the precedi ng whakBsaittRceddr ¢dmepheari Beafd BoddBidki FiRSa @E#ﬂ@odé@fooﬂet ecting
differences in digital clock frequencies between the transmtter and

receiver imt H@SH?‘?'C&W§H‘i tIPEPrEYIgY 2afdanizaeNt WrCtan AFRESRRINhE HeRsded

audi o signal iy @ 88d atdait QaReNs&dpRAipslyt he detected differences. 2012. A
hearing aid accordi ng to claim 11, wherein the_nmeans for detecti n% sai d
P

differences in cl ockBsh §1Raring kg aesridiny fasclaing /g nareip e IpBHcREP P oop

(PLL). is a%ckﬁa%éﬂé&%@@&n%%?f@ ng to claim1, conprising means
for detecting in the stream ng node of said codec, in which a data stream

is 25 received via a sf\r"@eﬁﬂnﬂga'ér%}ﬁﬁ@l'ng 5 Clalfy &r Whiereis ol AERAACtet ieam

means for fstijRbtddusing 4 r@édr@fverﬁitécér'?e@abﬁ' éiﬁh?atétﬁa%@morﬁacke'?:@ﬁ@s for
fadi ng the audi o out put "fromthe codec. : hearing aid

accordi ng to drdligharsordgharEserightivvaededecoder corrprl ses neans for
recei ving the nunberi®fadRbeRESHd LEQf] fd)gh\?’%ntehﬁ thBaR&dqifg eRftes, and

means for setting the excitation signal to the predictor to zero or the
nul | -vect or wHEErgicBe Beardny @ik LpamPsisas @ srmplet e converter for altering

the sample rate of an audio signal prior to being encoded by the codec.

15 11. A hearing aid according to any one of the preceding claims,
wherein the hearing aid comprises means for detecting differences in
digital clock frequencies between the transmitter and receiver in the
transmitted signal and means for modifying the decoded audio signal in
order to compensate for the detected differences.

20 12. A hearing aid according to claim 11, wherein the means for
detecting said differences in clock signal frequencies is a digital phase-
locked loop (PLL).

13. A hearing aid according to claim 1, comprising means for
detecting in the streaming mode of said codec, in which a data stream is

25 received via a streaming channel, bit errors in said data stream,

means for estimating a bit error rate in said data stream, and

means for fading the audio output from the codec.

14. A hearing aid according to claim 13, wherein the codec de-
coder comprises means for receiving the number of detected errors from

30 the channel decoder and means for setting the excitation signal to the
predictor to zero or the null-vector when uncorrectable errors are de-
tected.

15. Method of encoding an audio signal in a hearing aid, said



18 nmethod i ncorporating the steps of providing a digital audio signal,
provi ding a decoder adapted to generate a decoded out put signal based on an
i nput quawmDI2aHYG4¢8981 Ndex and conprising a predictor andPETHKo@AIS017dr

adapt ati on, provi di ng an encoder conprising said decoder and said
predi ctor adapted for receiving an excitation signal and outputting a
predi ction signal, generatiﬁ% an out put quantization index
based on an input sigl0 nal, using said coder, determ ning the

out put quanti zation i ndex by repeated decoding of quantization indices in
order to nininiz&ithe error  between thF i nput signal and the prediction
n

signal, and upB&tAgNSAPAr e3P ng a recursive autocorrel ation esti -

15 nate. 16proVelih@ e dgeardidngsigAac! ai m 15, wherein said repeated
decodi ng conprises the searchin a codebook conpri si ngei,oﬁ' urality of

of
quanti zati on i ndi cesPrOXHBIS as3EQIghLAARPLESt ioopesiatc_L5P HPet9in a

sear chabl e mangbakéd antdrempsit GUEAtHRIOM hleR anddaRiprdingluadteteedrd sy i n- 20
dices arranged in different branches, and where each indivi dual

quanti zati oh iherEHiGer adariaec®o a specific branch. 17. Met hod

according to clai m lgovWies 8Bhrengalér ESRpAsIRG sHRCAEHIAGr 6RAREISERIdRE!
searching of a codebook comprising a plurality of quantization indices,
where sai d quasersst if‘b”nr‘???(h‘f'@%safhreéc'é?tﬂ%é@d‘a%l@né outPyglting Raprediciitiher in a
tree structurejyidih a nunber of quantization indices arranged in different
branches, and ere at | east one individual quantization index is found in
nore than one branchgenerating an outpgt qnpatigioacingeyibaged @ncdriMRUES g wher ei n

sai d repeated fgceghddaigdRbyses cal cul ating quantization indices directly
from the input 30 S|gnal and the prediction signal using a conputing
devi ce. 19. dYBERBUN G £t PHIAYG GUBNHASTIShidSK by EEPeatersdecoding
wherein a quangfi & ahtioBidetdtes BP6RRENS IMBifi2NARG VS BawaRd thelRpbht val ue
is provided using a shape codebook and a gal n codebook, respectively. 19
signal and the prediction signal, and
updating said predictor using a recursive autocorrelation esti-
15 mate.
16. Method according to claim 15, wherein said repeated decod-
ing comprises the searching of a codebook comprising a plurality of
quantization indices, where said quantization indices are arranged in a
searchable manner in a tree structure with a number of quantization in-
20 dices arranged in different branches, and where each individual quanti-
zation index is unique to a specific branch.
17. Method according to claim 15, wherein said repeated decod-
ing comprises the searching of a codebook comprising a plurality of
quantization indices, where said quantization indices are arranged in a
25 searchable manner in a tree structure with a number of quantization in-
dices arranged in different branches, and where at least one individual
quantization index is found in more than one branch.
18. Method according to claim 15, wherein said repeated decod-
ing comprises calculating quantization indices directly from the input
30 signal and the prediction signal using a computing device.
19. Method according to any one of claims 15 to 18, wherein a
quantization vector representing a shape value and a gain value is pro-

vided using a shape codebook and a gain codebook, respectively.



20. A nethod according to claimany one of clainms 15 to 19, wherein said
predictor is a backward adaptive gain adaptor, which is adapted using a
recur si vewaubooaussgl ati on estimate based on a second- or Phirghenesmsozn
autocorrel ation nodel. 521. A nethod according to claim15, in which a data
streamis received via a stream ng channel, bit errors in said data stream
are detected, and the audio output fromthe codec is faded upon detection

of bit errors. 22. A nethod according tad&l ai m 21, wherein the nunber of

de- 10 tected errors fromthe channel decoder is provided to the codec and

the excitation signal to the predictor is set to zero or the null-yector
when uncorrect abl e eff-ofsMgPdacetigg. topglaim any one of claims 15 to 19,

wherein said predictor is a backward adaptive gain adaptor, which is
adapted using a recursive autocorrelation estimate based on a second-
or higher-order autocorrelation model.

5 21. A method according to claim 15, in which a data stream is
received via a streaming channel, bit errors in said data stream are de-
tected, and the audio output from the codec is faded upon detection of
bit errors.

22. A method according to claim 21, wherein the number of de-
10 tected errors from the channel decoder is provided to the codec and the
excitation signal to the predictor is set to zero or the null-vector when

uncorrectable errors are detected.

15



