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ABSTRACT

This paperpresentsa multi-rate widebandspeechcoderwith bit
ratesfrom 8 to 32 kb/s. The coderusesa splitbandapproach,
wherethe input signal,sampledat 16 kHz, is split into two equal
frequeng bandsfrom 0-4 kHz and4-8 kHz, eachof whichis dec-
imatedto an 8 kHz samplingrate. The lower bandis codedusing
the Adaptive Multi-rate (AMR) family of high-qualitynarravband
speechcoders,while the higherbandis representedby a simple
but effective parametrianodel. A completesolutionincludingthis
widebandspeechcoder channelcoding for various GSM chan-
nels,anddynamicrateadaptationeasilypasseall SelectiorRules
andrankedseconcdverallin therecent3GPPAMR WidebandSe-
lection Testing. Besideshigh performanceadditionaladwantages
of theembeddedplit-bandapproachincludeeaseof implementa-
tion, reducedcompleity, and simplified interoperatiorwith nar
rowbandspeectcoders.

1. INTRODUCTION

Widebandspeechcoding, using the bandwidthfrom 0 to 7 kHz,
offers the potentialfor a significantimprovementin speechgual-
ity overtraditionalnarravbandcoding(0-4 kHz) atcomparabldoit
rates(8-32kb/s). Potentialapplicationsor widebandspeectcod-
ing include Voice over InternetProtocol (VolP), high-quality au-

dio conferencingandthird-generatiorwirelesscommunications.

In this paper we presentan adaptve multi-rate (AMR) wide-

bandspeechcoderdesignedor the Third GeneratiorPartnership
Project(3GPP)AMR Widebandstandardizationan extensionto

the recently-completed\daptive Multi-rate (AMR) narravband
standard.

We have previously demonstratethe feasibility of producing
high-qualityspeechwith anembeddedsplit-bandcodingscheme
basednthelTU standards.729Annex E [1] . Thispapermpresents
acompleteembedded®MR widebandsystempasedonthe AMR
narravbandstandard?]. In extensve 3GPPAMR WidebandSe-
lection Testing, this codereasily passedall SelectionRulesand
ranked secondoverall. The organizationof this paperis as fol-
lows: Section2 providesanoverview of thewidebandcoder Sec-
tion 3 presentsecentimprovementsmadeto the codingscheme:
low-delayfilterbanks highbandguality improvements andexten-
sionsto higherbit rates.Section4 describesour AMR Wideband
candidatdn detail,including sourcecoding,channelcoding,and
dynamicrateadaptationFinally, key resultsof the SelectionTest-
ing areprovidedin Section5.
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2. WIDEBAND CODER OVERVIEW

We usea split-bandcodingapproachusinga high-quality CELP

coderbasedonthe AMR narravbandstandardor thelower band
anda simple parametriccoding schemefor the upperband. The

AMR narravbandcoderwasoriginally standardizedor GSM ap-

plications,but hasalsobeenselectedby 3GPPfor third generation
systemandby TIA for TDMA wirelessappplicationsThis coder
providesgoodquality atarangeof bit ratesfrom 4.75to 12.2kb/s.

By usinga parametriccoderfor the highbandnformation,we are

ableto maintainhigh speechyuality ata low dataratefor the high

band(1.350r 2.3kb/s),leaving asmary bits aspossibleavailable

for high-qualitycodingof thelowbandsignal.

2.1. Embedded Split-band Coder

A block diagramof our coderis shawvn in Figurel. Theinputsig-
nal, sampledat 16 kHz, is lowpassfiltered from 0-4 kHz, down-
sampledo 8 kHz samplingrate,andencodedwvith the AMR nar
rowbandCELP speectcoder Thehighpass-filtereéhput signalis
alsodovnsampledo 8 kHz andencodedvith a parametriccoder
The codingof the highbandusesinformationfrom the lower band
original signal, asdescribedn the following section. At there-
ceiver, the CELPdecodegeneratethe codednarravbandspeech;
this signalis thenupsampledandlowpassfiltered. The highband
decodemsesthe codedbitstreamaswell asinformationfrom the
lowbandcodedspeecho synthesizea highbandsignal, which is
thenupsampledhighpasdiltered, and combinedwith the coded
basebandpeecto producewidebandspeectoutput.

We usea high-quality filterbankfor the filtering decomposi-
tion; perfectreconstructiorfilters are not useful in this context
sincethe highbandspeectwaveformis not preseredby our para-
metriccoder Thisimpliesthatthenarravbandspeectcodingout-
putis independenof the highbandsignal,sothatthe narravband
bitstreamcan be embeddedn the overall bitstream. Also, this
split-bandapproachensureghat a narravbandanaloginput sig-
nal, suchasfrom a traditionaltelephondine band-limitedto 3.4
kHz, canstill beencodedvell with thewidebandcoder

2.2. Highband Coding M ethod

The highbandsignalis generatedisinga modulatedhoiseexcita-
tion signalwith linear predictive (LP) synthesig1]. The modula-
tion signal,basednthetime envelopeof the3-4 kHz region of the
decodedasebandignal,introducesatime-domairpitch structure
to improve the perceved quality of voicedspeech.In addition,a
high-frequeng reversaltechniquemalkesthe expecteddistribution
of thehigh-frequeng LP coeficientssimilarto thatof narravband
LPC, allowing thehighband_PC quantizeito re-usethe baseband
coderline spectraffrequeng (LSF) quantizatiortables,simplify-
ing the overall coderimplementation.
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Fig. 1. Block diagramof the split-bandcoder

2.3. Advantages of the Embedded Approach

The embeddechatureof this coderpresentsseveral adwantages:
easeof implementationdue to the reuseof the AMR narrow-

bandcode high-qualityencodingof narravbandsourcespotential
tandem-freeoperationbetweenAMR widebandandnarrovband,
and low compleity, sincethe computationally-intense CELP
searchroutinesarerun atonly an8 kHz samplingrate.

3. IMPROVEMENTSTO THE WIDEBAND CODER

Ourwidebandcoderincludesthreesignificantimprovementsover
the baselinemethod. First, a low-delayfilterbank reducedfilter-
ing delayswithout degrading subjectve quality Second,noise
smoothingappliedto the highbandsignal significantly improves
the perceptuabjuality in acoustichackgrounchoise. Finally, new
basebanaodersprovide betterspeechyuality at higherbit rates.
Theseimprovementsaredescribedn this section.

3.1. Low-delay Filterbank

In our earlierwork, high-orderinear phaseFIR filters wereused.
Theseprovided high speechyuality, but with atotal filtering delay
approachind.0 ms. For someapplicationssuchaswirelesscom-
municationsthis delayis excessie. Therefore we have designed
alow-delaylIR filterbankusing 12th-orderButterworth lowpass
andhighpasdilters. As canbe seerfrom thelowpasdilter magni-
tuderesponsehavn in Figure2, thesefilters have goodstopband
attenuatiorwith reasonablysharptransitionbands.OtherlIR fil-
ter designssuchaselliptical or Chebyshe, provide sharpettran-
sitions, but have polesthat are very closeto the unit circle. The
milder polesof the Butterworth designprovide a smoothphase
responsén thepassbandasshavn by thegroupdelayplot in Fig-
ure 3. Thisfigurealsoshavs thatthegroupdelayin the passband
region is approximately4 samplesat the 16 kHz samplingrate,
sothattotal delaythroughthe filterbankis about0.5 ms. An ad-
ditional benefitof thesewealer polesis that implementationin
fixed-pointarithmeticis straightforvard.

3.2. High-Band Quality | mprovements

In the baselineembeddedvidebandcoder the highbandexcita-
tion signalis generatedy sample-by-samplenultiplication of a
randomnoisesourceby the ervelopeof the 3-4 kHz region of the
basebandecodeoutput. This methodproduceshigh-qualityout-
put for cleaninput speechsignals. However, for lower bit rates
in the presencef acoustichackgroundhoise,the lowbandcoder
doesnot always codethe 3-4 kHz bandaccurately As a result,
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the outputtime-domainsignalin this bandshavs morerapidtime
variationthantheinput. This, in turn, causeshe high-bandsignal
to have rapid amplitudevariations,which are perceved as busy
high-frequeng noiseuponlistening.

Our solutionfor this problemis to smooththe modulatingsig-
nalatthedecoderasshavnin Figure4. Thiscreatesmoreslowly
varying ervelopesignalin the presencef backgrouncdhoise,and
reducegheannging “busy” noise. The equationfor this smooth-
ing is asfollows:

esm[n] = a xesm[n — 1] + (1 — a) x e[n] (1)

wheree[n] is theervelopesignalprior to smoothingesm[n] is the
envelopesignalaftersmoothing,andea is a smoothingcoeficient
betweerD and1.

To ensurdhatthissmoothings only appliedin thepresencef
noise,signalandnoiselevel estimatorsareusedto adaptvely ad-
justthecoeficient of thesmoothingunction. If thesignalis much
louderthanthenoiselevel, no smoothings applied.If it is slightly
louderthanthe noiselevel, a moderatdevel of smoothingis ap-
plied. If thesignalis completelyburiedin noise,heary smoothing
is applied. The signalandnoiselevel estimationis performedon
the 3-4 kHz decodedsignal.

A secondsourceof qualityimprovementin the high-bandsig-
nalis asmoothingappliedto the high-band_SF’s. In thepresence
of stationarynoise,low-resolutionquantizationof the high-band
LSF's cansometimesausethe quantizedspectrumto oscillatein
the neighborhoodf the desiredvalue,contrituting to the audible
“busy” charactenf the signal. This problemis solved by applying
reduced-fluctuatiomuantization[3] to the encodingof the high-
band LSF parametersiuring backgroundnoise sggments. This
speech/noisdetectionis performedon the highbandnputsignal.

3.3. Higher Bit Rates

While the quality of the AMR narravbandcoderat its highesthit
rateof 12.2kb/sis high, it is still notasgoodastheoriginal signal.
We find this differenceto be significantin the context of embed-
dedwidebandspeecttoding,especiallyin thepresencef acoustic
backgroundhoise. In a formal listeningtest,we have found that
replacingthe 12.2 kb/s AMR narravbandcoderwith direct (un-
coded)speechn thelowbandwhile continuingto usetheparamet-
ric codingschemen thehighbandprovidessignificantlyimproved
performance.For both MOS testingof cleanspeechandDMOS
testing of noisy speech the performanceof this coding scheme
wasvirtually identicalto that of directwidebandspeechWe con-
cludethatin our embeddedvidebandcoder improved quality at
higher ratescan be achieved by using additionalbits to increase
thequality of thebasebandoder

Mode Baseband| Highband Total
Mode1 6.70kb/s | 1.35kb/s | 8.05kb/s
Mode2 7.95kb/s | 1.35kb/s | 9.30kb/s
Mode3 | 10.20kb/s | 1.35kb/s | 11.55kb/s
Mode4 | 13.05kb/s | 1.35kb/s | 14.40kb/s
Mode5 | 14.60kb/s | 1.35kb/s | 15.95kb/s
Mode6 | 21.70kb/s | 2.30kb/s | 24.00kb/s
Mode7 | 29.50kb/s | 2.30kb/s | 31.80kb/s

Table 1. Basebandhighband,and total bit ratesfor wideband
codermodes.

Therefore,in our designof higherrate modes.the high band
coding bit rateis only slightly increased.For the basebandwe
have creatednew codingmodes,basedon the AMR narravband
standardby increasinghenumberof pulsesn thealgebraiccode-
booksandreducingthe subframesizes. The pulsesignsare en-
codedusinganefficient low-compleity techniquewhich requires
only 1 bit pertrack regardlessof the numberof pulses by infer-
ring the signsfrom therelative pulsepositioncodeorderingwithin
a codevord. In this method,an extensionof that usedin the ex-
isting AMR narravbandcoder only the signof the pulsewith the
smallesindex is transmitted All pulseswith negative signaresent
prior to the smallestindexed pulse,while all pulseswith positive
signaresentafterit.

4. THE AMR WIDEBAND CANDIDATE

This sectionpresentsthe details of our candidatefor Selection
Testingof the 3GPPAMR WidebandStandard.

4.1. SourceCoding

Our AMR widebandcandidateisessevenmodesdesignedor dif-
ferentchanneklpplications.Table1l summarizeshebit allocation
of themodesusedin thecoder

Thebasebandodersn modesl-3aremodesMIR67, MR795,
andMR102 of the AMR narravbandstandard.For thesemodes,
the bitstreamfor the AMR narravbandcodermodesis embedded
in the bitstreamof the TI AMR widebandcandidate.Modes4-7
arenenly designednodeswherethe bbasebandoderreusesnuch
of the AMR narravbandsoftware, with changego the subframe
size and the fixed excitation codebooks.In the first five modes,
the highbandsignalis representedvery 20 ms by one4-bit gain
factorand 23 bits for LSF’s. For the two highestbit rate modes,
thehighbandsignalparameterareupdatedevery 10 ms, with two



4-bit gainfactorsanda 38-bit matrix quantizationof the two sets
of LSF’sin each20 msframe. In additionto thesetestedmodes,
thecoderalsosupportsall five otherAMR narravbandmodes.

Voice actiity detection(VAD), discontinuoustransmission
(DTX) andcomfortnoisegeneratio{CNG) wererequiredfor the
AMR widebandstandardizatioprocess.The existing AMR nar
rowbandVAD wasreusedon the basebandignal. The AMR nar
rowband DTX/CNG schemewas slightly modified by adding 4
bits for thehighbandgainin thesilencedescriptionupdateframes.

4.2. Channel Coding and Adaptation

The AMR widebandcoderwill be ableto operateon a number
of differentmobile channelsjncluding the currentGSM full rate
channel22.8kb/s),higherbit-rateEDGEfull rate(68.4kb/s)and

half rate (34.2kb/s) channelsandthe upcomingthird-generation
(3G) channelgat sourceratesupto 32 kb/s). For GSMandEDGE

channelswe designedh combinedspeectandchannekodingsys-

tem for eachdesiredbit rate, asin the currentnarravbandstan-
dards. This channelodingconsistof rate-compatiblgunctured
corvolutional codesfor error correctionand cyclic redundang

codingfor errordetection.

In addition,for thesechannelshenew standarawill utilize the
AMR paradigmwherethe network monitorsthe stateof the com-
municationchannelanddirectsthe codersto adjustthe allocation
of bits betweernsourceandchannelcodingaccordingly{2, 4]. For
cleanchannelsmostof the availablebits areusedfor sourcecod-
ing with only minimal error protection,while for poor channels
a lower rate speechcoderis protectedby strongerchannelcod-
ing. Thisis implementedby anadaptatioralgorithmwherebythe
network selectsone of a numberof available codermodes,each
with a predeterminedource/channdiit allocation. In our coder
the dynamicrate adaptatioralgorithmis basedon an estimateof
the C/l value,which is obtainedbasedon the accumulatednetric
givenby thesoft-input/hard-outpu¥iterbi channeddecoderAMR
signalingis accomplishedby reserving3 bits for the GSMfull rate
channel 12 bits for the GSM EDGE half ratechanneland24 bits
for the GSM EDGE full ratechannel.

4.3. Complexity and Delay

The coderwasimplementedn fixed point C codeusingthe ETSI
fixedpointlibraries. The maximumsourcecodingcompleity for

the candidatevas measuredat 39 weightedMOPS, lessthanthe
40 WMOPS requirement. Much of this complity was dueto
the doubleprecisionimplementationof certaincoderblocks, in-

cludingthellR filters for subbandiecompositionLateroptimiza-
tions have madeit possibleto implementthe coderusingaround
25WMOPS.

Oneof themainadwantage®f theembeddedoderis the abil-
ity to reuseall the programcodeandquantizationtablesof AMR
narravband. The embeddeddMR widebandcoderrequiresonly
a20%increasean programROM sizeanda 10%increaseén RAM
sizewith respecto the AMR narravbandcoder

The coderhasa framesizeof 20 ms,an LPC analysislooka-
headof 5 ms, anda filtering delay of 0.5 ms, resultingin a total
algorithmicdelayof 25.5ms.

5. TEST RESULTS

For AMR WidebandSelection,five candidatesvere testedover
awide rangeof wirelesschanneldn multiple languagesvith and
withoutacoustidhackgroundoise.Our codereasilypasseall the
SelectionRulesfor this competition.For overall selectioncriteria,
suchasnumberof requirementsnetandtotal AMOS relative to
the requirementspur coderwasranked second. This shawvs that
high performancée attainedwhile retainingthe advantageof an
embeddeaodingmethod.

Herearesomekey resultsfor our coderascomparedo theref-
erencdTU widebandstandards.722.0ur 16 kb/scoderwastyp-
ically equivalentto G.722at 64 kb/sin cleanspeechandin street
noise. In the difficult caseof car noise,it wasonly equivalentto
G.722at48kb/sin oneof two tests.The24 and32 kb/scodershad
progressiely higherperformancen car noise,andwereroughly
equivalentto G.722at 56 kb/s. At 8 kb/s, despitethe influenceof
residualGSM channelerrors,our coderwas equialentto G.722
at48kb/sin oneof two cleanspeechests.For bothstreetandcar
noise,our 8 kb/s coderwasequialentto G.722at 48 kb/sin one
of two testswhenusingthe 10% Pooror Worsecriterion.

6. CONCLUSION

We have presente@inembeddednulti-ratewidebandspeecttoder
basedon the AMR narravbandstandard.A completeAMR so-
lution basedon this codereasily passedall SelectionRulesand
ranked secondoverall in the recent3GPPAMR WidebandSelec-
tion Testing. Besideshigh performanceadditionaladwantageof

the embeddedsplit-bandapproachinclude easeof implementa-
tion, reducedcompleity, and simplified interoperatiorwith nar

rowbandspeecttoders.
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