WO 2011/044898PCT/DK2009/050274 1 HEARING AID WITH AUDIO CODEC AND METHOD

The present invention relates to hearing aids. More specifically, it relates to a hearing aid having a
time-domain audio codec for decod- 5 ing and encoding digital audio signals. The invention further
relates to a MEHBH8#44&-0ding and encoding audio signals. A heaf{J AH29UMTdied as a
small, wearable unit comprising one or more microphones, a signal processor, and means for
acoustically reproducing sound signals. A hearing aid may additionally comprise 10 means for
receiving, processing and reproducing sound signals from other sources, such as a telecoil or an FM
receiver. In order to alleviate a hearing loss of a user, the signal processor of the hearing aid is

configured to amplify selected fr i a%({& }% ﬁ n a prerecorded audio-gram of the user's
hearing loss. For flexibility reanger’l%JIT#écé%n fg %?-I&%%Bgé&%rjgﬁvgaigital signal processor.
Modern day hearing aids are typically equipped with means for one- or two-way wireless

communication, i.e. radio CORMRISAIORYSHSh WRIRSSIEOREIHRICARRN WS GRLYRAUIR signals,
such as speech, su{table for bein’q transmiger(‘j to and {rom the hearing aid in a igital 20 form, e.g.
it relat at g 588 g

between two hearing glase%rt%eﬁwggﬁ '}ghearlr?d’ 0% AndEnOtHEr detéd (i a&%cegh]munication,

there is a desiré foiigeapingridinandigiiationdiit sineads [BhedsysodEibléytherofkthtescasans for this

being that an increasanddanduigiingl s sl saryaicatigndgads to an increased power
consumption, which, in turn iﬁ undesired.in a ggg{ 5ing aid ay to reduce the bit rate in a

. One w
- digital audio signal is to enco &ANG (?é%(l)%g%e sﬁnaﬁg us?r%agh‘%%%r(%i{?/ B SREP O processor,
commonly referrediitead ASHdeBidipplammte¢ias 2l eorabisatiorndfrsefnmferamduntralbr less

dedicated hardwargsprewveyes, SoGhdeslyatirn 30 pEihe bitsateamesdtsnenst dorprms of audio
bandwidth, regaoductionsqgglityé camputational comple One a teg]gt to reduce the
i r

ity and delay. :
bandwidth an he’BSf’é{’y time is Ce’é’ér%erﬁlc 78 'gﬁiarﬁ 'X\eEE(@\?—ﬁé?%/S(?EDE’ %&%’&%liﬁf e CCITT 16
kb/s 2 Speech Co@fi§ Stardard's IEireFREiThk v ebalF M FEIGURNAIIONSEEFGEED AREAS IN
COMMUNICATIONSaNi9d. ibes Np 25ushinenk993nd hpratitiodpaidwidHbanemsosdHatian Atiglity and

computational complgxiy desiibed o Mgt rtice, however, de ot meet ihe nepds n & hearing aid

gram of the user’s hearing loss. For flexibility reasons, the signal proces-
15 sor is preferably a digital signal processor.

Modern day hearing aids are typically eguipped with means for
one- or two-way wireless communication, i.e. radio 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 audic bandwidth, reproduc-
tion guality, 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



According to one aspect, there is provided a hearing aid comprising an audio codec, said codec being
a time domain codec comprising a decoder adapted to generate a decoded output signal based on an
input quantization index and comprising a predictor and a predictor adaptation, an encoder for
generating an output quantization index based on a digital audio input signal, said encoder comprising
said decoder and a predictor receiving an excitation signal and outputting a prediction signal, wherein
the output quantization index is determined by repeated decoding of the quantization indices in a
trial-and-error process yielding a number of different quantization indices in order to minimize the error
between the digital audio input signal and the prediction signal in a first difference node, and selecting
from said number of different quantization indices the quantization index yielding the least error in the
difference node as the output quantization index, wherein said predj a(j ion u a recursive
autocorrelatiofRE&MafeoBa8ing REFFEdictBR-SWBYe ioES e%itﬁ‘fiorﬁ%ha ?@}(%t\g@poﬁimg to the
previous outpSEYEDTZRtIAREAECHS, GENIHRGH THOWFe dicior] €hbiacerike in4Bat e encoder
incorporates the decar@nin, (AFearding Quanghes asreriaes ioRvideciagmasbadhof encoding -

an audio signal in a hearing aid according to thé above aspect, said method incorporating the steps of
providing a didfih 2t f?fﬁ’ﬂﬁ‘é‘?@rﬂﬂ,rﬁid{}ﬁﬁhﬁ’%é‘i%eaéé%a@}egggﬁt@ to generate a decoded output
signal based on an input duamtidation okerspedtctrarsrisimgoai geddicheran aidoreietsingdaptation,
providing said gncoger IngarpQratingdbe dergdeniad Raithpredicier aiapigmhdos Iesaivilg an excitation
signal and outputting a prediction signal, generating an 054 ut quantization igdex as ;d on the digital
audio input SIGRAP &I SERPEHECREE RS AR (HE BLBEY AL SR DDA AR D P R ated
decoding of quaidizatidndodicesnip @ trsddicidecaror procetistgicifiaptatinantiecotererisit quantization
indices in ordeydo.mipipizedhe &Rk REMRSN e digiabaiidiodigrat AigRahaadsiGiaprestiction signal in
a first differenc¢e node, and selecting from said nymber of different quantizati ntindices trile
quantization irﬁ@?%ﬁél&?ﬂ&fﬁ@%ﬁ%‘geq%?%‘i@ g 8(&&%@5&%&% 4sthe 6ﬁ%b%nqa‘§rqﬁzation index,
and updating said préglittog usinyeidionr signalutobereitation esthrhreusatirsyars Méelicifon on previous
excitation signglscorFRSPBPGEIE IR ISR SFOHIP Y LAMBREAtPRIEEIGES: trial-andléifihe object of
the present invention to grovide a h%arin ai havin% }{‘?o ec v%/rpdg:ré Sovr?rcr%rgreoth? I%ngwidth
problems menfiGHEEF BB IEG,AilB4R g Pt BUERHERAY L ORI SIESity B and Sl achieving an
acceptable rephecerotiopetweditythe digital Zecirdimgtteignel invgrtiomiewicipiesiorphtnfeed by a hearing
aid, in one erfé@fﬁ@igmtg%e@gﬁ%@&ag%@%ﬁ,ﬁa@mmg? @u%ﬂm@tmaiaﬂic@@lec o
comprising a decoder adapted to generate a decoded output signal based on an in antization
index and coﬂBﬁ&H@“HZSFE)&.é’t‘S?’gH@*B?etﬁlﬁc BT igﬁ?éiﬁ%gﬁ%%c o998 SSr?B?a%%{B%gn output
quantization inglextizatisth drdex iWhereisigaid, prafticiai@sgetatom persryrsaitsiecadesdEsaid predictor
recczjeiving an ;ﬁ%ﬁ%&%é&%ﬂ(jﬁéﬁﬂg @JH&}@%M@@&{@%@_I&@ %Bgﬁl@hwfwgﬁﬂbtb&@gm@fﬁizatign index
is determine repeated decoding of the guantization indices in Qrder to minim rror between
the input signa ﬁndgtrﬁg'f)?édi&%jg “gigﬁsﬁ“é'%% ’?v%er‘é‘f%cs?eﬁ’d ;@édi%?%u’sne&s a%%cﬁglstg %ﬁtocorrelation
estimate for the keeroamirdmizatignin that thempoafiseirerRE RIS ¢&®8€In a hearing aid, the above
criteria-as to bandwidthhapstgignal enatiy: Basebe fuiides yhiledeeapingneanspiexibdirgjatively low due

to the fact that the operations necessary for the decodi re similar to e say for the
encoding. Thugf’i%?g@%%artts!%ﬁhe ag}"&%g*ri_, %CSC ?rrr?bq n?ggn?é%l_ gr_irj;% é’%rc%gé%%?ng%?lgrcﬁt Eﬁl{p i.e. the
dedicated prodessineraingsibetatepnipf uvedidncernds & vy 8P desisnmlg PR IR 88E may be, may
be reused. ThigdpJusn saxerphisigRhepREE HHthR AP caguorepaLe dhisde signahaving dedicated
encoding units and decoding units, thus leading tqQ an overall in %%eri%gg tgﬁe@ﬁing aid.
According to a%r%rf 'Zr?é: et dg ingl‘gnt 5Pt erllsﬁ'&n?ioﬁt%%g{%oéeﬁéé cgm(%g)ﬁsges meansS for sélectively

switching betweienNidingsrifl qusatieairaPmedEnanteadrse’ AkhiativiRHridcdapted o the scalar
quantization medeiiRg sigRatisRmiagseshirumsuspalar ifredradebsighaicpreseating tre signal
shape. In Ihe vegion hianzaton Made dheyaeus, Seﬁgﬂgﬁ%a%fgﬂgw S10r IR AEdRpook

representing e.g. a signal shape, a Signal gain, and a signal sign. 5 Having means for operating in one

of two differenteqoadrizageismisis, theclQeip rALaANERPR RGN Y < ARERAEIEA tHlese modes,
allows for flexillgHiilizasionraidse bandwitlindusing pasceg yibringesohtebayafabiéepandwidth for the
ransimission o & oo AN e, eealat AYAPHZENANRGRE. QB el e Aualippln bandvictr

for the 10 transmission of e.g. a stereo-encoded _sn%na in the vector quantization mode.

According to asi@nakapstdnerrsadishongignehtor fietidliertior tadhaisheesalesiprsedt memory

adapted for stofipgnat lepsiferenpiréetermurerhdieat ence eirguatitiz atitexipidides; dredieastns for

feeding 15 at least on%guch sequence to the codec. This feature allows the codec to be used
erfgr in N ; g

not only for reproaucmg 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 memory in the hearing aid. Storing a sequence of
guantization 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 say- 25 ing valuable space in the
hearing aid memory. In a further preferred embodimenizof 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, diffiereneraasischs ndiyi QUi LrHRRIEEBAN HEER%s AMqURIBS RS PRIGITRIHEHYh. This allows

the codebook tgike seasehadin alfasbradwificimhmrnnasibgsad erealassifiesh quanitzation indices,
when repeat- edly searchin throu%h thgi cogct)—:'g]ook in.searcq of.the og%ié‘ﬂum qﬁg tize- 4 tion index.
e

ignais corr nain e nreviods output guan onin . .
In another pre?é '%nmsn% Iment o Ff e ln\gentlon,pthe encoder Cgmprlses aco ook comprising a

plurality of quantization inHide$heInbiecs0f teaRteaamdin1entes dreRifdAG e F2188afkhable manner

in 5 a tree strugivire With eI bosapizdi eReinsisesiatrapasskingifesaitietnneioes, and where at
least one individual quantization index is found in,more than Y QV, ing the search
branches withvaq’lljdgnlf%zeeﬁ‘lg% %\%I ff:()ensjrflrjcg)(alréoo %%%Oﬁgtﬁéh@?vﬁg .not%%!rp é%ﬁé%%g%t %agffqgeﬁ%aéin finding the
optimum quantpaedrriisdediatfdy be greatly im- 10 proved at very little 'extra computational

complexity. In an altggaatvasephadimeantisheiancoger Gomgtisasiabgompadifg deiice adapted to
caleulate quaniization Indices direcily rom e Innit sigpal and tha pradietion gianaleiculating the
indices in the co&e?boofg rathér than glmpr@ ﬁavmg?hem tabul‘ated and looking them up,

codec comprising a decoder adapted fo generate a decoded output signal based

on an input quantization index and comprising a predictor and a oredictor

adaptation, an encoder for generating an output quantization index based on an

input signal, said encoder comprising said decoder and said predictor receiving

an excitation signal and outputting a prediction signal, wherein the output

guantization index is determined by repeated decoding of the guantization

indices in order to minimize the error between the input signal and the prediction

signal, and wherein said predictor uses a recursive autocorrelation estimate for

the error minimization.

By impiementing such a codec in a hearing aid, the above criteria
as to bandwidth and signal guality may be fulfilled while keeping complexity
relatively low due to the fact that the operations necessary for the decoding are
similar to those necessary for the encoding. Thus, large parts of the hardware,
as implemented on a processing circuit chip, i.e. the dedicated processing parts
of the chip used for either encoding 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 encoding units and decoding units, thus leading to an overall
saving of space ih‘-tﬁel-heaﬁ‘ﬁ@ aid: "

According to a preferred embodiment of the invention, the codec
comprises means for selectively switching between a scalar quantization mode,
and a vector quantization mode.



15 eliminates the néed_ for memory capacity for a codebook in the hearing aid. According to yet
to another preferred embodiment of the invention, the said decoder comprises a shape codebook and
a gain codebook, respectlvely, for providing a quantization vector representing a shape 20 value and a
gain value, r&Sp&NE* his embodiment enables the shape values in thBCOREHIORTE He
normalized, and utilizes gain values from the gain codebook to scale the normalized, synthesized
output signal properly. In a particularly preferred embodiment of the invention, said 25 gain
adaptor is a backward-adaptive gain adaptor. This alléws 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 autag:orrel tion es te ased on a seco d-or h er-or r autocorrelation
model. This has the advantage ﬁtaf?t?le% (’)Or?/ Pty s ?1'@88 § t%y 'ﬁ% rr 24 values as
compared to correlatigfRigiodels if0eRAAga Wﬂ@fﬁt@ﬂ/é%m@ﬂ@te@m the cthapeational
complexity is signifigamhsedHGadal) ﬁh@@'ﬁjﬁlélaé emhﬂeﬂaeatfﬂfrthe \eption - theiBeaping aid
comprises a sample rate C nverter for altergln the sam e rate of an audio 0 Si gnal prior to being
encoded by the coded. This GRabiEs the encodar bf the € ope?a%eq o %fbnal with a sample
rate different frém the sampleviate BaRsI® VLM W@h@'ﬁéaﬂr@tald’fstgwaﬁ pfersessowamtmegiarfurther 5

reduction in bandwiddaseaiErmegt faedhe wirelesedinkymayilainbtaingddthesampladate of the

coded signal is Iess han Ier f the ring aid. processor. The cony rsion from the
sample rate of the ﬁearlng alﬁetxn%??eueta%a € ratfjeq% ﬁ%c:godg%hls Bg iR pﬁ %8 encd ing the signal

as a part of the preﬂi@ﬁ@é@e‘,@h@,%?dethétbcfﬁVéhﬁdﬁaﬁémfﬁﬁpth@fs@mr@l@ramf théhsosier to the sample

rate of the hearing jaid ig aertetmadrabes, deeq%@maé aparkohihapostyasRssingdetpre the decoded

signals are cohgert'te_gnbsamqlé S|lr(1)to dio si e emoge% prefer’red &rgb\géjcl Oent ofﬁ the invention, the
hearing aid comprises meansrtor detecfing Jﬁ%rences in TROCK f'requencres bRk the transmitter

and receiver in the®8#@mitted signal and means for modifying the decoded audio signal in order to

compensate for the detectextetiffigrenessa FoisiaapraenablesbiRiFaertvBi0heantegishto
accommodate and gompensate f%r the differences | in clock fre%téepme betwee[n the recelved signal

and the hearing arc? ina wa h|c G HalgiBIE 2010 the W i drer of the el a "%n a more
preferred embodmtéfﬁtjétﬁtﬁ'é*ﬂ%ﬁﬁ@h?’tﬁ@ ﬁfefar@f@raaefwﬁﬁ@%@rtﬁﬂe@ﬁee@rnfeﬂg&mignal
frequencies is1& digitatphtase=lockeddaopn@lio) tHdimegabodiment enables an asynchronous

conversion of the sample rate v\fa [ehe, mqjle rafe conyer rsion factor is troIIed 25 by said digital
PLL. This simplifies receptrongb ﬁe g%naﬁt? 35 N6 ggnc ronrz%t?gﬁgsrgngas%eeds 5B bgslfransmltted in

order to get a corrdBfy?eSiAptaRaef Bk H@T@J@ﬁ@?ﬁbfﬁﬁ@‘s%ﬁﬁﬁmﬁ@ eskvaRdignvieea further
preferred embodiment of theriyentorythedrasyingl, 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 guantization indices rather

than a sampled signal enables the signal to be reconstructed from the

sequence of guantization 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 guantization 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 guantization indices, when repeat-
edly searching through the codebook in search of the optimum quantiza-



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 tREGTAEEBe faded rather than be- 6 ing abruptly disrupted® SHERWHBTAZtherwise be
disturbing to the user of the hearing aid. In an particularly preferred embodiment the codec
decoder comprises means for receiving the number of detected errors from the 5 channel decoder and
means for setting the excitation signal to the predictor4o zero or the null-vector when errors are
detected, zero representing the specific case of a one dimensional null-vector. This minimizes the
effect of the transmglssnicm grror on the predictor. The invention also provides a method for encoding
and decoding 10 alidid signals, said method incorporating the steps of providing a digital audio signal,
providing a decoder adaptelh tangéher ateete tedotiatiwlitpen sigfdicmsetidrnarttiapitadantization

index and comprisie@rﬁppr@icsoeaa@badne&i%ﬁa@@p@tmrar@/iemgm&%@&%riﬁemismg a
decoder and a predi%[or adagtgd for receivingian excitation signal an ou'ﬁ)utting 15 a prediction

signal, generating ah 'Sutput gUARTL &RoR NGB ERgEg BRAIPRbIL &gRarchahly Raasicder,

determining theSougptiteguantizarie it exnoynepeeiicdaidcading pidipesngizatigrdrididétem order to

minimize the error batwaeRdhesinBrt signakand thasprasictionsianal (aadsreating,gaid predictor
using a recursive ayotgrcégrrelatlon §§tlmate. OP'r%fe ed embod&%entsggg the method are found in the

depend- ent claims and provide advantages CorrespondifitPP oL e FREANNFR"SS  The
invention will now b dleSeAbEdaBased drasofrdimittiscetsamians embodinentiaseswithereference to
the drawings whereirg&ignlisaiirmatioally lusiiaiesbMe DRRING lds ArRPHING dathem-

10 proved at very little extra computational complexity.

In an alternative embodiment, the encoder comprises a compu-
ting device adapted to calculate guantization indices directly from the in-,
put signal and the prediction signal. Caiculating the indices in the code-
book rather than simply having them tabulated and looking them up,

15 eliminates the need for memory capacity for a codebook in the hearing
aid. : L

According to yet to another preferred embodiment of the inven-
tion, the said decoder comprises a shape codebook and a gain codebook,
fespectively, for providing a quantization vector representing a shape

20 value and a gain value, respectively, This embodiment enabies the
shape values in the codebook to be normalized, and utilizes gain vaiues
from the gain codebook to scale the normalized, synthesized output sig-
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
carrelation models involving a non-recursive part. Moreover, the compu-
tational complexity is significantly reduced.

In @ particular embodiment of the invention, the hearing aid



inventiori-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 30indices, fig. 4a shows a first example of a tree search, fig. 4b shows a second example
of a tree sealth, 4% 188hows the gain fading as a function of the bit err§ITHR2PYURY274  fig. 6
shows a second-order recursive window used in the auto-correlation estimation. Fig. 1 shows a first
hearing aid la, a second hearing aid Ib and 5 an external device 2. The first hearing aid la is shown in a
schematic form and the hearing aid Ib is suggested byits physical outline. Both hearing aids la and Ib
are adapted to communicate with each other via a short range wireless radio communications link 3.
Likewise they are adapted to commtfnicacte with an e>%tern | unit rfhvia the short rar}%e 10 wireless radio
r

communications link3." % $178 gaeri'flageaffﬁ)?a\l’ ﬁretgﬁnod SEEORpRESS TR %rﬁ@,??n% T dWwireless

transceiver 52, a héiriag 2ad ProcésdeinsD camisdphdhe SadandTals ausbite Buetpuctdesducer 55.

The wireless transcgivee 23dsCapapie-RE resei g anditrraskking adigiialysneadadsignal. The

hear- 15 ing aid proc?nssi%r?gecgn@éggis@e %ntig ioa%i n%l(iﬁrsc;cgg 0‘[052% anrinﬁjutsch'c%nr%ﬁl decoder 56,
an audio decoder 59? appos?-proc ss‘r’ng bloc ;an 2ddio eprgcessslﬁ% blotksd! AN alidio encoder
60 and an outp@t chedHEI%n oM d@spiTeMPTd & tHe auditesismainkrovessbe 53receives an

tained if the sample rate of the coded signal is less than the sample rate
of the hearing aid processor. The conversion from the sample rate of the
hearing aid to the sample rate of the codec is performed prior to encod-
ing the signal as a part of the pre-processing, and the conversion from

10 the sample rate of the codec to the sample rate of the hearing aid is per-
formed after decoding as a part of the post-processing before the de-
coded signals are converted back into audio signals.

in a preferred embodiment 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 controllied

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 estimaiing a bit error rate in said data
stream, and means for fading the audio signal output from the codec.
This aliows the output signal from the codec to be faded rather than be-



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 tr@&?g ll\]/ £4%gsdemodulates the received signal into a channel stream for further processing
by the hearing aid processor 50. 25The demodulated channel stream is uE&58ES "é’/ﬂéfﬂf‘for thein- 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 aufg Sigialjs yaet A4 AL BLINS AESLRIDRESSINg Hlock 88, hotg post

processing is performed on the digital audio signa e post-processing Involves |ﬁeLﬁ°’r?5, conditioning
and asynchronous ¥aifpIlesiiBL8lversion into a digital audio signal having a relatively higher sample
rate in order for the receivedrsignabtotie: compptiste with dhebadidiesignal pregessiradadhe audio

signalprocessor S, e FATIDIEIAIE AN 6 coagaud sigupl papglover than the

sample rate in the hearing aid la, allowing for a more efficient transmission because fewer bits have to
be transmitted Via HEWirIE8SHEhSAGVEEEDS for seiiife {mexrBAtiABRgRb BukhE Précessor 53
prepares a digital atidiorsignatdes transiméssinniinether wivatessdransceiver adatthe follew- 10 ing way:
A digital audio sionaleeles in 4 audi prepigeessindil dthanshigrs e il ylo,gional is
resampled and converted into a d%ltal audio stream with a lower sample rafe. The digital audio stream

is encoded into a bitSEEH R SHELRESOBLERNSTHRSINE SFEAREHMpHEEEEPEequence of codebook
quantization indices repres&néingvereridigiioapicdioidés signaththediksitedingiansedasiingut for the

output channe] encoder 6 ry‘.g[y’arga% channgl %@Q%Qgtg(@d'@ﬁgtgg?}?ﬁ ﬁgg@@ gtgeg]%}ggpm the output

channel encoder 61 is fed to the input of the wireless transceiver on, and transmitted
wirelessly via the aMt@itha &P TREKERAUETERIRE WRITSANY SNRERIESS 48RP EBhAiRItations

signal based on an input quantization 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 & 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 functionaiity 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,



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 resources 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 675,53 i0 communi-

25 cations Iimoﬁgiﬂﬂsz'é%glss streaming of audio signals, e.g. audio signals mayrlf\ii\ggg'ireamed 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 li 3 it is, however, necessary to compress the audio signals to be transmitted. The

hearing aid 1 therefore comprises a 9 codec according to the invention. The codec is illustrated in Fig.
2a and Fig. 2b as an encodBr £n#hQ e CotRACPESPEGHVEGU bRV XY Wikbd ExR Mpreciated by
comparison of Figs:a2ecnid2esamd@snexplained in further detail below, the encoder incorporates the

decoder. Thus, the 5 hard%_e ofthe codec. g.1he g;&gﬂ’tgesgg&%t ﬁ%éqigﬁ whieh the, functionality

of the codec is executed, may serve two_furpc_)ses. IS, in turn, means that the very same parts of
hardware may eon8fitGeEHeehSrirere udba Wittt (hePERgoaifglara Sy diny fufchiomaity, and
redundancy of theserparss oftthe lekiiping avoidedis\alggedecciroyitichphgpaee isddi¢hBpEaved in the

hearing aid. _Fig.dags abinslsseemalcalauag AERSRARACSRIING tednyeption. The

encoder comprises a first difference node 5, a filter adaptation block 6, a perceptual weighing block 7,

a vector quantizati@nSPRIk 8398 YAERIGSHURRIR SO BIEREERNE EBlebobkBiiEk §19hd'E de- 15
coding sub-block 28ddhedésoctingrauiicbteck2b comgpriseszh gaih ddaptatiendplock rb@gan amplifier

12, a predictoy plock 4, and.apsediciof Asapiationlock 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 quanfizafisATBI8cR 8b8r REE AT SIARPPErRHUANFETRtMY Hock 7 for
conditioning accordingtsa perceptual W) githeg fingckah pFbeeparcéttual lynweighted: signal is then
quantized into vectgeg iQr{%%é’&‘%F%Bkﬁﬂ“&%ﬂQ&&'%@.aﬂ%ew?r'éf@?g@Qn@@%@fﬁﬁg%@ quantization

or a vector quanti- 25 zation is used, the quantized vector or scalar indices, respectively, are fed to the
corresponding inpulRaH e CEERMBEK B STHE R figRelly encoded signal. " The hear-

i5 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



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 ﬁenerated by repeatedly adapting the gain and the shﬁpe of the sr%/nthetic signal to

the actual inBVLR 25% 4H4%PRis approximation is per- formed by minimizing t gsf.%?g(rg Atbm the first

difference node 5. Once the error signal is minimized, a vector quantization index or a sca- 10 lar
guantization index, as the case may be, is output from the encoder for transmission. As
mentioned, error minimization is done by repeatedly dbmparing the input signal to a synthesized signal
in a trial-and-error process 5 yielding a number of different quantization indices as an output. Each of

these different quantization indices is f the codebook 9. The o ignal from the decoder
sub-block 20 servi@\éjvaer? é'_ﬁ%{%}?d'f%%%‘iﬁg?& l%é%er%%g?o%ﬂn%st#é%ég gfg e r@l?g‘?'%a%error process,
the quantization indER Adlilg! thedisadgaaldianiBseadifEieyRIE AEHES S8R Sie 10 RIERId as the

output qugntizatiorfdadaeg.;Ebg\m@@aysatstmsa mﬁp&md wma&@ﬁumﬁ@ﬂge@d@@gg&@ (_)utput data
stream suitable for,ransryission guer Ine-shotl iende wikeless raglo communieatien ink, This data

stream is compressed as compal e original samp put signal‘as it'is only necessary to
transmit the quantiS&6H FeHER S ERIHBASDERSEERD e SFaNP&dRBE0P 10 E5RE M & dignal from the
codebook 9 and conifalsdheamplifiend2 isracden topravideian ssapliedeWeecouechauéptd signal for

the predictor 4. f@ IJ%%&E‘?{%EC&%é‘ ﬂﬁg&,ﬂ%@@%@ﬁé@g@éﬁ@iﬂor adaptation block 11. The predictor

adaptation block 11 is autorecursive, 1.e. bases its pre- 20 diction on previous excitation signals
corresponding to the previdOst Ut TiRihtRRAR N IFIREEC P G IRAS AL E5PR Foeighiedpblied to signal
samples versus tinza doaswingl Gor ftiaalionsas ti$edie adeoksdaneensik Lbe Jresent irairntion. The

window functi(iJB Wi'%‘é%??'*l@&&ﬂQPQu%%o QT&FQ is fed to the audio preprocessing block 59
where the digital audio signal is resampled and converted into a digital
audio stream with a lower sample rate. The digital audio stream is en-
coded into a bit stream in the encoder 60. This bit stream comprises a
sequence of codebook quantization indices representing the dightal audio

15 signal. The bit stream is used as input for the output channel encoder
61, where a channel stream is generated. The channel stream from the
output channel encoder.61 is fed to the input of the wireless transceiver
52 for modulation, and transmitted wirelessly via the antenna 51.

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.

' Cne 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
Signais, 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 {0 compress the
audio signals to be transmitted. The hearing aid 1 therefore comprises a



boforn=m-1-lak W",(n-Kk)for n <m -1 k=1 Window-weighted signal sm at time m thus being: s
m(i) = s(n).W ,n(n) 11 Autocorrelation at time m for lag tis: R",H= Es",(n)s",(n-r)
5 Where it" is used as an input for a Levinson-Durbin algoritm yielding the g%edict%rgj%gaz%ation ‘
coefﬂments.V\L—%Wé}iﬁ‘é‘ggfarger than m, Wm(n) = 0 and consequently sm(r%)) JGREEe Hdtocorrelation
at time m for lag t is thus given by the formula: Es",(17).s," (17 -T-) For the specific case of a
second-order recursive window, the above formula reduces to: where s",(m-1)sm(m-I-t) 47/2 - 1) Wm
(M-1) S(M-1-z) Wm en -1- 'C 20 If the auto recursi%e window is based on frames rather than single
samples the second-order autocorrelation window is given by: RA-0=r", - r _L(r)+. a2.r,(T)) 25 Where
Es”, (m -1).sm(m 152} according to the invention. The codec is illustrated in Fig. 2a and
| Fig. 2b as an encoder and a decoder, respectively. However, as will be
readily appreciated by comparison of Figs. 2a and 2b, and as explained
in further detail below, the encoder incorporates the decoder. Thus, the
5 hardware of the codec, i.e. the parts of the circuit chip on which the
functionality of the codec is executed, may serve two purposes. This, in
turn, means that the very same parts of hardware may constitute the
hardware used with the encoding and decoding functionality, and redun-
dancy of these parts of the chip is avoided. Valuable circuit chip space is
10 thus saved in the hearing aid.

Fig. 2a is a block schematic showing an encoder according to
the invention. The encoder comprises a first difference node 5, a filter
adaptation biock 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 decoading sub-block 20 comprises a gain adap-
tation biock 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 biock

20 5iis fed either to the scalar guantization 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 guanti-

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 signal is minimized, a vector quantization index or a sca-



1=1=s(m-1) W' ,(m-s(m-1-7-). W*",(m - -) 12 and where L is the frame-length. The predictor 4 is
only updated once for every frame, thus saving time. In order to limit the number of vectors that have

to be kept in 5 the codebook and searched through within the available timeframe, the vector
quantization EEFEBEER B eferably holds only normalized vectors, i.e. vect&fSTPE2NPI8HGth. The

normalized vectors must subsequently be multiplied by a suitable gain factor in order to provide the
correctly scaled vector. In the gain multiplication node 12, the normalized vector 10 output from the
encoding codebook 9 is multiplied by the gain factor fém 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 codeboagk, vielding a separate gain index to be included in the qutput 15 guantization
N u’aykizalu%y&f%/hﬁ:%tlgs,ep%ggnrf'ead t %h*e%?%%ﬁ&%o?rﬁ%‘fﬁé?&%ﬁ& he formula:

index. The exaitation signa
X(t),(s(schii) g(gcbigy PewwHeéseianis the normalized shape vector from the shape code book, g is the

instantaneous gain from the sepatate:gdircodehankianibe ;'§dhﬁfig[gb@;g§&wwﬁ@§rcan be seen
form Figs. 2a and 2“[;3 t&equin Jéactor i§ also cor{-h255 trglled ada ti\a/etly tation block 10.

When normalized gat indic s'aredise ?tﬁeséglneagfptiglﬁ%%u e.g.'??)¥F§‘C(\f1%§$rr}e%3€§§féformula: G(t)
= a. Tg. (gchi)+(1-¥g/dinggpnumber 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 guantization index. The process is then performed
repeatediy 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 ampilified, 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 Wr{n) being defined as:

0 for mzm
w (n)r: b, for n=m-1

K
MZak -Wm(n~k) Jor n<m-1
k=4

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

8, (n) = s(n) W, (n)



13 the gain values, gcbi, in the gain codebook. By appropriate choice of a, the historical emphasis of
the gain adaptation can be adjusted. The function Tg is preferably a non-linear function, such as the
power of 3. This allows the gain values of the gain codebook to cover a wide dynamic 5 range though
stored in onl}¥8 N B %hus three bits cover the range from 0 to 343, or Y @ FMHEPHAN just the
range from O to 7, or 26 dB. As mentioned above, the available time for searching the code-book
and trying out the resulting excitation signals is limited. It may 10 therefore be difficult or even
impossible to search through all quantization vectors & the encoder codebook within a given
timeframe. It is therefore preferred to classify the vectors in a tree structure and perform a tree search
of first an appropria&g clasr§é1%plgntg%nithe rt%e trquantiéation vector in that class. As illustrated in Fig.
4a, the MN quantiza- tfgcilon vectorst\fﬁ to VinRPhave been arranged in classes C1 to Cm. The
maximum number of searches to be performed is hereby reduced from NW to M+N. However,
classifying the vectors in this manner potentially excludes the best vector because it may actually be in
a different class. If %0 @Jfﬁcﬁﬁ&ﬁ’?ﬁéi ’hvéﬂlable, this drawback may be mitigated if some redundancy
is introduced in the classes, that is, some classes contain copies of vectors from other classes. This is
illustrated in Fig. 4b, where the class Ci has a copy of the element V21 from the class C2. Thus, unlike
the codebook illustigiradirFig. dasdviess gash individeakRyANYZANANRRMASY IS HAifHE to a specific
branch of the searching tree, at least one individual quantization index, such as V21, is found in more
than one branch of §8%rr8ﬁaﬁ-P§?F@éT tf %eégﬁhg 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 afgriafiva ialgakigdiming vester A sedrbogkerips, ingteasl efcrataining the

vectors in a tabulated form, fthe codebook 9 to[res a function calculating the vectors based on the
input quantization iRYEX T RIS YRR LR MEMBR Ca LR FhEtkRY theformula:

10

n

Rm(r): Zsm(n)-sm(n w’c)

B=—t0

For the specific case of a second-order recursive window, the ahove for-
mula reduces to:
i5

R, (c)=r,(c)~ (a7, ,(r)=2, 1, (), where
rm('.,r) = Sm(m—l)-sm(m—i—-'c)
=s{m—1)-W_(m —nl)-s(m—ul—ﬂr)-W;”(mem'r)

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

Rm(f) = 1':vn('f)""(as lrm—L(r)+a2.rnaf2L(T))

25  Where
i)=Y s, m-1)s,(m-i-1)
I=1

S(m_l)-Wm(mml)-s(mnlwr)-wm(mm[—r)

1

L
j=



14 sary to store the codebook. Evidently, the skilled person will understand that the embodiment
having a structured search tree codebook structure, the embodiment having a redundancy search tree
codebook structure, and the em- 5 bodiment having means for calculating the quantization vector

analytically &P’é}ﬁpé#éq‘?@asembodiments, but that an embodiment incorpordfigPatiPeEs e in the

encoding codebook 9 is not excluded. As can be seen from Fig. 1, the hearing aid Ib may
comprise 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 comprisé 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 weak2df Etmésisigiarbaasy aneifferig racagistsigdals onthe ildetedeodata stream of
indices will containme@w&m@éemﬂg@aﬁw@gfﬁ@nm deteriorates. In order to avoid having the re-

produced output signal breaging.dowg in.g.isturbing magner due (p lpe 20.presence pi oo many
errors in the data from the output data stream, the hearing aid comprises means for detecting errors in

the output datastréBfnGetRiIoel avarsers drrstitfaayehwirilusstiediy @bl diticefioms likes. If the error
rate becomes higheethenqupredeternibadRisrr sadtart®y holds only normalized vectors,

i.e. vectors of a unit length. The normalized vectors must subsequently
be muitiplied by a suitable gain factor in order to provide the correctly
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, yielding 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(t) = (S(Scbl'i ) g(g.c:bij )) G(t)
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:

Glt)= o T, (gebi)+ (1~ a)- G - 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(gebi) is @ mapping and/or function of



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 streaming2si nal systems when the error rate becomes too high, is avoided. Prefer- ably, as
illustrated in ¥Ry: %1?%4§3%ing is performed by constantly mea- suring the Bit"éPRSHRAEBER) 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 Go. If the BER falls below 0,001 errors per bi, i.e. the signal quality is good, then the output
gain is increased 15 to the nominal value G. The channel encoder 61 for the streaming is
preferably a Forwa{ Er‘ra% (\;qr&ggtio%coget"FE% i%ogoeaéT&%FEC acod{e3 error c%rrectio (ec) and
detection capability chj i delerming Lbtheer-lgmmlng 189K 15X FPEM nrfi\l/v erethe R I%tionship 2*ec
+ dc < dmin. From theshrekiitsasripabrsiseeinticagzietadapipiira sinplerasiheied. Thetfignavention we

“may set the excitatigi signalpt&ethsynpuide-theprediniond, ta2araribe,pikveetor whenever errors

are detected. This has the:E effect that the tra)fnﬁ]mission erro%hag inimal influence on the predictor 4,
allows the %?m values o e glagn %ocie 00 g(:) cover.a wide danamlc .
because 10 the erroneous input is not introduced” Furthermore, the gain is updated with a zero in the

gain adaptatiorPbloERa®, aieh 8RS iR BEYaiey dlithe Gah threa sutsfaviasdhgtivengansmission
errors. To obtadrveryc e TosaputadioN sk eeN phextuatHAR REECRER: 19 applieddp¢he preferred

embodiment Usinga%g. Ham(24,18) having a
As mentioned above, the available time for searching the code-
book and trying out the resulting excitation signals is limited. It may
10 therefore be difficult or even impossible to search through all quantiza-
tion vectors in the encoder codebook within a given timeframe. It is
therefore preferred to classify the vectors in a tree structure and per-
form a tree search of first an appropriate class, and then the best quan-
tization vector in that class. As illustrated in Fig. 4a, the M'N quantiza-
15 tion vectors Vy1 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.
Howevek, 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 guantization
25 index is unigue to a specific branch of the searching tree, at least one
individual guantization index, such as V3, 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 calcuiating the vectors based on
the input quantization index. This reduces the memory capacity neces-



15 Hamming distance of 4 hence allows the detection of up to two errors and in case of only one error
the correction thereof. 16 PATENT CLAIMS 1. A hearing aid comprising an audio =deco said codec

being a time domain code: comprising a decoder adapted to generate a decoded output signal based
on an Input JU8ALEEA%hdex and comprising a predictor and a predic- tdiHARBIEYIORH encoder for

generating an output quantization index based on a digital audio input signal, said encoder comprising
said de- coder and a predictor receiving an excitation signal and output- ting a prediction signal,
wherein the output quantization index is determined y#re- peated decoding of the quantization indices
in a trial-and-error process yielding a number of different quantization indices in order to minimize the
error between the qsg_lt Oagqtdioei%eu}:gi rg)gloand the prediction signal in a first difference node, and
selecting from said RUmber of differen quantization indices the quantization index yielding the least
error in the difference nodefddgislgutiigt griladzatiseingik, underginadehafaid prediotali-adaptation

uses a recursive aueeRreieihan-Lstinalecbasiaecistpsedishiep Ik RieVioUsexaitatinn signals

corresponding to the Hreyis PHtPt FUaRtzAloN INdices, [YLHRSELI NG ¢, and the em-
5 bodiment having means for calculating the guantization vector analyti-
cally are preferred embodiments, but that an embodiment incorporating

a full search in the encoding codebook 9 is not exciuded,
As can be seen from Fig. 1, the hearing aid 1b may comprise a
post-processing stage 58. The same is the case for the hearing aid 1b,
10 but not visible in the figure. This post-processing stage 58 may comprise
varigus kinds of post-processing, such as sample rate conversion, cutput

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 signaf
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 tco 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, ke 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 again reduction based on a hysteresis. Whenever the BER is
above, say, 0.01 errors per bit, i.e. the signal quality is poor, the ocutput
gain is reduced to the low value Gg. If the BER fails below 0,001 errors
per bit, i.e. the signal quality is good, then the output gain is increased



predictor, ch a ra cte ri z ed in that the encoder incorporates the decoder. a. A hearing aid according to
Claim 11 wherein the code: com- prises means for selectively switching between a scalar quantization
mode and a vector guantization mode. 3. A hearing aid according to claim 1 or 2, comprising a
memory adaPtadtbr¥Bithg at least one predetermined sequence of quaiiZHBEANNAEEE and means
for feeding at least one such sequence to the code:. 4. A hearing aid according to any one of the
preceding claims, wherein said encoder comprises a codebook di-prising a plurality of quantization
indices, where said quantization indices are arrangediin a searchable manner in a tree structure with a
number of quantization in- 1.2012 09:38:10 - 06.012012 09:3922 This page 4 01 11 was completed at
05.01.2012 09:38:%% id@é trpemgrlfag)vo?u\]a@ 06,2012 092922, Page 4 of 11 AMENDED SHEET 17 dices
arranged in differen branc%es, And Whets each Individual guantization index is unique to a specific
branch. 5. A hearing dideactangigerrads dnk G theeckinpenliigl sherefiersbli erfsoder comprises
a codebook comprisistgl(aE i adibyret-auianizrtiores ingicas, mbere salgdauantizatigndagices are

arranged In a searchapl ner.in a tree structure with a number of quantjzation indices arranged In
Bepleman ete (G eation e

. tion : & -
different branches, ‘and where a Teast oiie iljr%' \Y é]sugr?tl% IO Thadx S AT A STE than ono

branch. 5 tance dmin, Where the relationship 2*ec + dc < dmia. From this relation-
ship it is seen that detection is a simpler scheme. In this invention we
may set the excitation signal, i.e. the input to the predictor 4 to zero or
the null-vector whenever errors are detected. This has the effect that
the transmission error has minimal influence on the predictor 4, because
10 the erroneous input is not introduced. Furthermore, the 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 arrors.
To obtain very low computational complexity a Hamming code is
applied in the preferred embodiment Using e.g. Ham(24,18) having a
i35 Hamming distance of 4 hence allows the detection of up to two errors
and in case of only cne error the correction thereof.



6. A hearing aid according to any one of the claims 1-3, wherein 10 said encoder comprises a
computing device adapted to calculate quanti- zation indices directly from the digital audio Input signal
and the predic- tion signal. 7. A hearing aid according to any one of the preceding claims, wherein
said decoder comprises. stiape codebook and a gain codebook, 15 respectively, for providing a
guantization vector representing a shape value and a gain value, respectively. B. A hearing aid
according to claim 7, wherein said gain adaptor is a backward adaptive gain adaptor. 9.A
hearing aid according to claim 1, wherein said predictor is adapted using a recursive autocorreiation
estimate based on a second-or higher-order autocorrelation model. 10. A hearing aid according,
to any one of the preceding claims, wherein the hearing aid comprises a sample rate converter for
altering the sample rate of an audio signal prior to b&ng encoded by the codec. 25 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 betweep the transmijtter greceiver in the transmitted signal
and means for Modifying the decodéd ﬁuéiogsgrﬁgl in%rgef&'tc‘iI c%{r]npensate for the detected

differences. 3012, A hearing dichaetneciisya@mREFa 2R PR iR P ARE8Hg said

differences in dock sigaabfrasiienmiegsdmpreigifal phase-locked loop (PLL). 13. A hearing aid according

to claim 1, comprising meags for. 1.2 012 02:351 Qenefd] 2038302001 slgme gaded| 11 was

g?_?é%l-ertefgat 06'01'319 %ﬁ';szh%géﬁﬁn?r&ét\%nﬁﬁ%xoQn@&%réwaoﬁéé&&& ERP8 prefitl AMENDED
- - tor adapistion, :

an encodar for generating a&n output guantization index based
on a digital audio input signal, said encoder comprising said de-
coder and a predictor receiving an excitation signal and output-
ting @ prediction signal,

wherein the outpul guantization index is determined by re-
paated decoding of the guantization indices in a trial~and-error process

* ylelding a numbar of different quantization indices in order tv minimize
the error between the digital audic input signal and the prediction gtgnal
in a first difference node, and selecting from said number of different
guantization indices the guantizstion indax yielding the least error in the
difference node as the out'put guantization index,
" wherein said predictor adaptation uses & racursive autocorrela-
tion estimate, basing its prediction on previous excitation signals corres-
ponding to the previous sutput guantizstion indices, for uptating the
predic‘to-r, . '
characterized inthat the encoder incorporates
the decoder.
2. A hearing 2ig according to claim 1, wherein the codet com-
-~ prises means fn? sslectively switching between a scalar guantization
mode ang 2 vector quantization mode,

4, & hearing aig according fo claim 1 or 2, eomprising 8 memory
adapﬁd for storing at least one predetermined seguence of auantization
indices, and means for feeding at least one such seguence to the codec.

4, A hearing zid acc:ai-ding top any one of the preceding claims,
wherein said encoder comprises @ codebook :mfnprislng a plurality of
guaritization indices, where sald quantization indices are arranged in a
searchiable manner in a tree structure with a number of quantization in-
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detecting in the streaming mode of said code; 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 output from the coded. 14. A hearing aid according to claim 13,
wherein the codec decoder comprises means for receiving the number of detected errors from the
channel decoder and means for setting the excitation signal to the predictor to zero or the null-vector,
when uncorrectatiie errors are detected. 15. Method of encoding an audio signal in a hearing aid
according to claim 1, said method incorporating the steps of providing a digital audio input signal,
providing said decoder adapted to generate a decoded out- put signal based on an input quantization
index and comprising a predictor and a predictor adaptation, providing said encoder incorporating the
decoder and said predictor adapted for receiving an gxcitation signal and outputting a prediction
signal, generating an output quantization index based on the digital audio Input signal, using said
encoder, determining the output quantization index by repeated decoding of quantization indices

in a trial-and-error pressaryHaReh i AHTRREE e TG URRTS S860 IRERYENEhBHRIEF to minimize the
error between the digitadraindées inputcaignalasmrtiie prasdiotion signal in a first difference node, and

selecting fror_n said number ©f diffareny gwagg&agiﬂg ta@ﬁy ehdhe mmﬁiﬁi@mindwieldin_g the Ie_ast
error in the difference, fode 58 118 iRkt HARMEAICLBRG ¥ nuraicy'BH AR st predictor using a

. . i ¥ .
recursive auto:oration estimate basing Its prediction on previous excitation signets corresponding to
the previous outgut sz SRSt &”aemz?%’r'l\/f@zﬁ% 55%&%1’5?? é?aiﬁw?fgﬁﬁl?%??ein said
repeated decoding commpesds thérse Rtrhiteivatt ot stwsret sth sHaMEaBIUaAtEB fAitantization
indices, where said GaisjsizatifFaRalc BoAthaa rat e atliitt 28038/ 0s! 66082012 09:39:22.

This page 6 of 11 wag comgletad #i0f- AhrOka 938 aRdat the F_PO on Jan 06,2012 09:39:22.

Page 6 of 11 6. A hearing aid according to any one of the claims 1-3, wherein

10' " smid encoder comprises B computing device adapted to calculate quanti-
zation indices directly from the digital audio Input signal angd the predic-
tion signal,

7. A hearing sld according ito any one of the preceding claims,
wherein said decoder comprises. s shape codebook and 2 gain codebook,

15 | raspectively, for providing a quantizstion vector répresenting & shape
value and & gain value, respeactively,

B, A hearing aid according to claim 7, wharein sxid gain adaptor
is & backward adaptive gain edaptor. | '
'9, A hearing aid according to ciaim 1, whereln sald predictor is
20  adapted using 3 recursive autocorreiation estimate based on & second-
' or higher-order sutocorreiation model.

10, A hearing ald according to any one of the preceding claime,
wherein the hearing aid comprises a sample rate converter for aitering
the sampie rate of an audio signal prior to being encoded by the codec,

25 1i. A hearing aid accurdtng to any one of the praceding claims,
wherein the hearing aid comprises maans for detecting differences in
d'tgitai clomk frequencies between the transmitter and receiver in the
transmitted signal and maans for modifying the decoded audio signal In
order to compensste for the detected differences,

30 - 12, A hearing aid according‘tn elaim 11, wherein the means for
detscting said differences in clock signal freguencies is B digital phase-
locked loop (PLL).

1%. A hearing Bid sccording to clalm 1, comprising means for
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AMENDED SHEET 19 searchable manner In a tree structure with a number of quantization indices
arranged In different branches, and where each individual quantization index is unique to a specific
branch. 17. Method according to claim 15, wherein said repeated decoding comprises the
searching of a icodebook comprising a plurality of quantization Indices, where said quantization
Indices are arranged in a searchable mannerin a tree strucl.aire with a number of quantization Indices
arranged In different branches, arid where at least one individual quantization Index Is found In more
than one branch. 1018. Method according to claim 15, wherein said repeated decod- ing comprises
calculating quantization indices directly from the digital audio Input signal and the prediction signal
using a computing device. 19. Method a=rding to any one of claims 15 to 18, wherein a
guantization vector representing a shape value and g _gain value is pro-15 vicied using a shape
codebook end again codebook, respectively. 20. A method according to claim any one of claims
15 to 19, wherein said predictor is a backward adaptive gain adaptor, which is adapted using a
recursive autocorrelatimtestimate basedioy amsixcofdaih tigr iz atdstr stigtionianodel. 2021. A

method according tojgiaigad5iaip wWhishAglatamsiseam isresaivedaaa sireaming channel, bit errors in
said data stream are detected éa%g uthgs gggkqnggtzg&t é[ﬁgprg{g &o&q&l A%@gﬁgﬁp%getection of bit
i aim 21, wherein the number of de-

errors. 22. A method'accor ingto c 23 tatted errors from the

channel decoder is provided’lﬁ“ﬂ?é’?fo%@ﬂ'%ﬁ’&ﬁﬁ‘éd@@ﬁ%’érﬁr BB HBR PH%E predictor is set to zero or the
null-vector when uncorrectable srhemsiogeaifessereding X03iaigolds woeres 19 eaepHE39:22. This page

7 ot 11 was completgghat Qdphidesl A3 8cbrekai-the th GLabsSanf AerBdd &9%:a0fREn Page 7 of 11
AMENDED SHEET the channel decoder and means For setting the excitation signal to the

pradictor o 2ere ar tha nuli-vector when uncorractabie errors are de-
tected. .

15, Method of encoding an sudio signal in & hearing aid accord-
ing to clalm 1, said method incorporating the steps af

providing a digital audio input signal,

providing said decoder adapted to generate a decoded out-
put signal besed on an input guantization index and comprising & predic-
tor and a predictor adaptation,

providing said encoder incorporating the decoder and
said predictor adapted for receiving an excitation signal and outputting a
pradiction signal, _

generating an output guantization index based on the digital
audio input signal, using said encoder,

getermining the output quantization index by repeated decoding
of quantizetion indices in 2 trla~and-error process yieiding a number of
different quantization indices n order to minimize the error between the
digital audio input signal and the prediction signal in a first diffzrence
node, and selecting from said number of different guantization indic-
s the quantization index ylelding the least error in the difference node
as the output quantization index, and

updating said predictor using & recursive sutocorrslation esti-
mate basing its prediction on previous excitatlon signals corresponding
tn the previous output quantization indices.

16, Mathod according to claim 15, wherain said repested decnd-
ing comprises the searching of a codebook comprising a piurality of
guantization indices, where sald guantization indices are arranged in 2
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searchable mannar in 2 tres structure with 2 number of guantization in-
dices srranged In different branches, and where each individual guanti-
zation index is unigue to & spacific branch.

17. Mathod according to claim 15, wherein said repasted decod-
ing comprises the searching of a icodebook comprising a plurallty of
guantization indlces, where sald guantization indices are arranged in a
semrchable mannar in a tree structure with @ number of guantization ip-
dices arranged In different branches, and where at least one individusal
guantization index is found in more than one branch.

1iB. Method according to clzim 13, wherein said repeated decog-
ing comprises calculating quantization indices directly from the digiial
audio Input signal and the prediction signal using a computing device.

‘ 18, Method according to any one of claims 15 to 18, wherein 2
guantization vector reprasenting & shape value snd & gain value g pro-
vided using a shape codebook dnd a gain codebook, respectively.

' 20. A method according to claim any one of claims 15 to 18,
whareln said predictor is a backwqrd mdaptive gain adaptor, which Is
adapted using a recursive autpcorrelstion estirmste based on a secong-
ur higher-order sutosorralation modal,

21. A method according to.ciaim 15, in which & data stream s
received via & strearming channal, bit errors in sald data stream sre de-
tectad, and the audic putput from the codec is faded upon ﬁetectian_ af
bt arraés. '

22, A method according to claim 21, wherein the number of de-
tacted errors from the channal decoder i provided o the coder and the
excltation signal to the pradictor is set to zero or the nuli-vector when
uncorrectabie errors are detected.
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