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ABSTRACT

This paperpresentsa multi-ratewidebandspeechcoderwith bit
ratesfrom 8 to 32 kb/s. The coderusesa splitbandapproach,
wherethe input signal,sampledat 16 kHz, is split into two equal
frequency bandsfrom 0-4kHz and4-8kHz, eachof which is dec-
imatedto an8 kHz samplingrate.Thelower bandis codedusing
theAdaptiveMulti-rate(AMR) family of high-qualitynarrowband
speechcoders,while the higherbandis representedby a simple
but effectiveparametricmodel.A completesolutionincludingthis
widebandspeechcoder, channelcoding for variousGSM chan-
nels,anddynamicrateadaptation,easilypassedall SelectionRules
andrankedsecondoverall in therecent3GPPAMR WidebandSe-
lectionTesting.Besideshigh performance,additionaladvantages
of theembeddedsplit-bandapproachincludeeaseof implementa-
tion, reducedcomplexity, andsimplified interoperationwith nar-
rowbandspeechcoders.

1. INTRODUCTION

Widebandspeechcoding,usingthe bandwidthfrom 0 to 7 kHz,
offers thepotentialfor a significantimprovementin speechqual-
ity overtraditionalnarrowbandcoding(0-4kHz) atcomparablebit
rates(8-32kb/s).Potentialapplicationsfor widebandspeechcod-
ing includeVoice over InternetProtocol(VoIP), high-qualityau-
dio conferencing,andthird-generationwirelesscommunications.
In this paper, we presentan adaptive multi-rate (AMR) wide-
bandspeechcoderdesignedfor theThird GenerationPartnership
Project(3GPP)AMR Widebandstandardization,an extensionto
the recently-completedAdaptive Multi-rate (AMR) narrowband
standard.

We have previously demonstratedthefeasibility of producing
high-qualityspeechwith anembedded,split-bandcodingscheme
basedontheITU standardG.729Annex E [1] . Thispaperpresents
acompleteembeddedAMR widebandsystem,basedon theAMR
narrowbandstandard[2]. In extensive 3GPPAMR WidebandSe-
lection Testing,this codereasily passedall SelectionRulesand
ranked secondoverall. The organizationof this paperis as fol-
lows: Section2 providesanoverview of thewidebandcoder. Sec-
tion 3 presentsrecentimprovementsmadeto thecodingscheme:
low-delayfilterbanks,highbandquality improvements,andexten-
sionsto higherbit rates.Section4 describesour AMR Wideband
candidatein detail, includingsourcecoding,channelcoding,and
dynamicrateadaptation.Finally, key resultsof theSelectionTest-
ing areprovidedin Section5.
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2. WIDEBAND CODER OVERVIEW

We usea split-bandcodingapproach,usinga high-qualityCELP
coderbasedon theAMR narrowbandstandardfor thelower band
anda simpleparametriccodingschemefor the upperband. The
AMR narrowbandcoderwasoriginally standardizedfor GSM ap-
plications,but hasalsobeenselectedby 3GPPfor third generation
systemsandby TIA for TDMA wirelessappplications.Thiscoder
providesgoodqualityatarangeof bit ratesfrom 4.75to 12.2kb/s.
By usinga parametriccoderfor thehighbandinformation,we are
ableto maintainhighspeechqualityata low dataratefor thehigh
band(1.35or 2.3kb/s), leaving asmany bits aspossibleavailable
for high-qualitycodingof thelowbandsignal.

2.1. Embedded Split-band Coder

A blockdiagramof ourcoderis shown in Figure1. Theinputsig-
nal, sampledat 16 kHz, is lowpassfiltered from 0-4 kHz, down-
sampledto 8 kHz samplingrate,andencodedwith theAMR nar-
rowbandCELPspeechcoder. Thehighpass-filteredinputsignalis
alsodownsampledto 8 kHz andencodedwith a parametriccoder.
Thecodingof thehighbandusesinformationfrom thelower band
original signal,asdescribedin the following section. At the re-
ceiver, theCELPdecodergeneratesthecodednarrowbandspeech;
this signalis thenupsampledandlowpassfiltered. Thehighband
decoderusesthecodedbitstreamaswell asinformationfrom the
lowbandcodedspeechto synthesizea highbandsignal,which is
thenupsampled,highpassfiltered, andcombinedwith the coded
basebandspeechto producewidebandspeechoutput.

We usea high-qualityfilterbankfor the filtering decomposi-
tion; perfect reconstructionfilters are not useful in this context
sincethehighbandspeechwaveformis notpreservedby ourpara-
metriccoder. This impliesthatthenarrowbandspeechcodingout-
put is independentof thehighbandsignal,sothat thenarrowband
bitstreamcan be embeddedin the overall bitstream. Also, this
split-bandapproachensuresthat a narrowbandanaloginput sig-
nal, suchasfrom a traditionaltelephoneline band-limitedto 3.4
kHz, canstill beencodedwell with thewidebandcoder.

2.2. Highband Coding Method

Thehighbandsignalis generatedusinga modulatednoiseexcita-
tion signalwith linearpredictive (LP) synthesis[1]. Themodula-
tion signal,basedonthetimeenvelopeof the3-4kHz regionof the
decodedbasebandsignal,introducesatime-domainpitchstructure
to improve theperceived quality of voicedspeech.In addition,a
high-frequency reversaltechniquemakestheexpecteddistribution
of thehigh-frequency LP coefficientssimilarto thatof narrowband
LPC,allowing thehighbandLPC quantizerto re-usethebaseband
coderline spectralfrequency (LSF) quantizationtables,simplify-
ing theoverall coderimplementation.
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Fig. 1. Block diagramof thesplit-bandcoder.

2.3. Advantages of the Embedded Approach

The embeddednatureof this coderpresentsseveral advantages:
easeof implementationdue to the reuseof the AMR narrow-
bandcode,high-qualityencodingof narrowbandsources,potential
tandem-freeoperationbetweenAMR widebandandnarrowband,
and low complexity, since the computationally-intensive CELP
searchroutinesarerunat only an8 kHz samplingrate.

3. IMPROVEMENTS TO THE WIDEBAND CODER

Our widebandcoderincludesthreesignificantimprovementsover
the baselinemethod. First, a low-delayfilterbank reducesfilter-
ing delayswithout degradingsubjective quality. Second,noise
smoothingappliedto the highbandsignalsignificantly improves
theperceptualquality in acousticbackgroundnoise.Finally, new
basebandcodersprovide betterspeechquality at higherbit rates.
Theseimprovementsaredescribedin thissection.

3.1. Low-delay Filterbank

In our earlierwork, high-orderlinearphaseFIR filters wereused.
Theseprovidedhighspeechquality, but with a total filtering delay
approaching10 ms. For someapplications,suchaswirelesscom-
munications,this delayis excessive. Therefore,we have designed
a low-delayIIR filterbankusing12th-orderButterworth lowpass
andhighpassfilters. As canbeseenfrom thelowpassfilter magni-
tuderesponseshown in Figure2, thesefilters have goodstopband
attenuationwith reasonablysharptransitionbands.OtherIIR fil-
ter designs,suchaselliptical or Chebyshev, provide sharpertran-
sitions,but have polesthat arevery closeto the unit circle. The
milder polesof the Butterworth designprovide a smoothphase
responsein thepassband,asshown by thegroupdelayplot in Fig-
ure3. This figurealsoshows thatthegroupdelayin thepassband
region is approximately4 samplesat the 16 kHz samplingrate,
so that total delaythroughthefilterbankis about0.5 ms. An ad-
ditional benefitof theseweaker poles is that implementationin
fixed-pointarithmeticis straightforward.

3.2. High-Band Quality Improvements

In the baselineembeddedwidebandcoder, the highbandexcita-
tion signal is generatedby sample-by-samplemultiplication of a
randomnoisesourceby theenvelopeof the3-4 kHz region of the
basebanddecoderoutput.This methodproduceshigh-qualityout-
put for cleaninput speechsignals. However, for lower bit rates
in thepresenceof acousticbackgroundnoise,the lowbandcoder
doesnot always codethe 3-4 kHz bandaccurately. As a result,
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Fig. 4. Block diagramof thehighbanddecoder.

theoutputtime-domainsignalin this bandshows morerapidtime
variationthantheinput. This, in turn,causesthehigh-bandsignal
to have rapid amplitudevariations,which areperceived as busy
high-frequency noiseuponlistening.

Oursolutionfor thisproblemis to smooththemodulatingsig-
nalatthedecoder, asshown in Figure4. Thiscreatesamoreslowly
varyingenvelopesignalin thepresenceof backgroundnoise,and
reducestheannoying “busy” noise.Theequationfor this smooth-
ing is asfollows:

465
798 :<;<=?>A@B465
798 :DCFE�;HGJI
EKCL>NMO@B4H8 :<; (1)

where4�8 :<; is theenvelopesignalprior to smoothing,4 5
7 8 :<; is the
envelopesignalaftersmoothing,and > is a smoothingcoefficient
between0 and1.

To ensurethatthissmoothingis only appliedin thepresenceof
noise,signalandnoiselevel estimatorsareusedto adaptively ad-
just thecoefficientof thesmoothingfunction. If thesignalis much
louderthanthenoiselevel, nosmoothingis applied.If it is slightly
louderthanthe noiselevel, a moderatelevel of smoothingis ap-
plied. If thesignalis completelyburiedin noise,heavy smoothing
is applied. Thesignalandnoiselevel estimationis performedon
the3-4kHz decodedsignal.

A secondsourceof quality improvementin thehigh-bandsig-
nal is asmoothingappliedto thehigh-bandLSF’s. In thepresence
of stationarynoise,low-resolutionquantizationof the high-band
LSF’s cansometimescausethequantizedspectrumto oscillatein
theneighborhoodof thedesiredvalue,contributing to theaudible
“busy” characterof thesignal.Thisproblemis solvedby applying
reduced-fluctuationquantization[3] to the encodingof the high-
bandLSF parametersduring backgroundnoisesegments. This
speech/noisedetectionis performedon thehighbandinputsignal.

3.3. Higher Bit Rates

While thequality of theAMR narrowbandcoderat its highestbit
rateof 12.2kb/sis high,it is still notasgoodastheoriginalsignal.
We find this differenceto be significantin the context of embed-
dedwidebandspeechcoding,especiallyin thepresenceof acoustic
backgroundnoise. In a formal listeningtest,we have found that
replacingthe 12.2 kb/s AMR narrowbandcoderwith direct (un-
coded)speechin thelowbandwhile continuingto usetheparamet-
ric codingschemein thehighbandprovidessignificantlyimproved
performance.For both MOS testingof cleanspeechandDMOS
testingof noisy speech,the performanceof this coding scheme
wasvirtually identicalto thatof directwidebandspeech.We con-
cludethat in our embeddedwidebandcoder, improved quality at
higher ratescanbe achieved by usingadditionalbits to increase
thequalityof thebasebandcoder.

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. Baseband,highband,and total bit ratesfor wideband
codermodes.

Therefore,in our designof higherratemodes,the high band
coding bit rate is only slightly increased.For the baseband,we
have creatednew codingmodes,basedon the AMR narrowband
standard,by increasingthenumberof pulsesin thealgebraiccode-
booksandreducingthe subframesizes. The pulsesignsareen-
codedusinganefficient low-complexity techniquewhich requires
only 1 bit per track regardlessof the numberof pulses,by infer-
ring thesignsfrom therelativepulsepositioncodeorderingwithin
a codeword. In this method,an extensionof that usedin the ex-
isting AMR narrowbandcoder, only thesignof thepulsewith the
smallestindex is transmitted.All pulseswith negativesignaresent
prior to thesmallestindexed pulse,while all pulseswith positive
signaresentafterit.

4. THE AMR WIDEBAND CANDIDATE

This sectionpresentsthe details of our candidatefor Selection
Testingof the3GPPAMR WidebandStandard.

4.1. Source Coding

OurAMR widebandcandidateusessevenmodesdesignedfor dif-
ferentchannelapplications.Table1 summarizesthebit allocation
of themodesusedin thecoder.

Thebasebandcodersin modes1-3aremodesMR67,MR795,
andMR102of theAMR narrowbandstandard.For thesemodes,
thebitstreamfor theAMR narrowbandcodermodesis embedded
in the bitstreamof the TI AMR widebandcandidate.Modes4-7
arenewly designedmodeswherethebasebandcoderreusesmuch
of the AMR narrowbandsoftware,with changesto the subframe
sizeand the fixed excitation codebooks.In the first five modes,
the highbandsignalis representedevery 20 ms by one4-bit gain
factorand23 bits for LSF’s. For the two highestbit ratemodes,
thehighbandsignalparametersareupdatedevery10ms,with two



4-bit gain factorsanda 38-bit matrix quantizationof the two sets
of LSF’s in each20 ms frame. In additionto thesetestedmodes,
thecoderalsosupportsall five otherAMR narrowbandmodes.

Voice activity detection(VAD), discontinuoustransmission
(DTX) andcomfortnoisegeneration(CNG) wererequiredfor the
AMR widebandstandardizationprocess.Theexisting AMR nar-
rowbandVAD wasreusedon thebasebandsignal.TheAMR nar-
rowbandDTX/CNG schemewas slightly modified by adding4
bits for thehighbandgainin thesilencedescriptionupdateframes.

4.2. Channel Coding and Adaptation

The AMR widebandcoderwill be able to operateon a number
of differentmobilechannels,including thecurrentGSM full rate
channel(22.8kb/s),higher-bit-rateEDGEfull rate(68.4kb/s)and
half rate(34.2kb/s) channels,andtheupcomingthird-generation
(3G)channels(atsourceratesupto 32kb/s).For GSMandEDGE
channels,wedesignedacombinedspeechandchannelcodingsys-
tem for eachdesiredbit rate,as in the currentnarrowbandstan-
dards.This channelcodingconsistsof rate-compatiblepunctured
convolutional codesfor error correctionand cyclic redundancy
codingfor errordetection.

In addition,for thesechannelsthenew standardwill utilize the
AMR paradigmwherethenetwork monitorsthestateof thecom-
municationchannelanddirectsthecodersto adjusttheallocation
of bits betweensourceandchannelcodingaccordingly[2, 4]. For
cleanchannels,mostof theavailablebits areusedfor sourcecod-
ing with only minimal error protection,while for poor channels
a lower rate speechcoderis protectedby strongerchannelcod-
ing. This is implementedby anadaptationalgorithmwherebythe
network selectsoneof a numberof availablecodermodes,each
with a predeterminedsource/channelbit allocation. In our coder,
the dynamicrateadaptationalgorithmis basedon an estimateof
theC/I value,which is obtainedbasedon theaccumulatedmetric
givenby thesoft-input/hard-outputViterbi channeldecoder. AMR
signalingis accomplishedby reserving8 bits for theGSMfull rate
channel,12 bits for theGSM EDGEhalf ratechannel,and24bits
for theGSMEDGEfull ratechannel.

4.3. Complexity and Delay

Thecoderwasimplementedin fixedpoint C codeusingtheETSI
fixedpoint libraries.Themaximumsourcecodingcomplexity for
the candidatewasmeasuredat 39 weightedMOPS,lessthanthe
40 WMOPS requirement. Much of this complexity was due to
the doubleprecisionimplementationof certaincoderblocks, in-
cludingtheIIR filters for subbanddecomposition.Lateroptimiza-
tions have madeit possibleto implementthe coderusingaround
25WMOPS.

Oneof themainadvantagesof theembeddedcoderis theabil-
ity to reuseall theprogramcodeandquantizationtablesof AMR
narrowband. The embeddedAMR widebandcoderrequiresonly
a20%increasein programROM sizeanda10%increasein RAM
sizewith respectto theAMR narrowbandcoder.

Thecoderhasa framesizeof 20 ms,anLPC analysislooka-
headof 5 ms, anda filtering delayof 0.5 ms, resultingin a total
algorithmicdelayof 25.5ms.

5. TEST RESULTS

For AMR WidebandSelection,five candidateswere testedover
a wide rangeof wirelesschannelsin multiple languageswith and
withoutacousticbackgroundnoise.Ourcodereasilypassedall the
SelectionRulesfor thiscompetition.For overall selectioncriteria,
suchasnumberof requirementsmet andtotal P MOS relative to
the requirements,our coderwasranked second.This shows that
high performancebeattainedwhile retainingtheadvantagesof an
embeddedcodingmethod.

Herearesomekey resultsfor ourcoderascomparedto theref-
erenceITU widebandstandardG.722.Our16kb/scoderwastyp-
ically equivalentto G.722at 64 kb/s in cleanspeechandin street
noise. In the difficult caseof car noise,it wasonly equivalent to
G.722at48kb/sin oneof two tests.The24and32kb/scodershad
progressively higherperformancein car noise,andwereroughly
equivalentto G.722at 56 kb/s. At 8 kb/s,despitetheinfluenceof
residualGSM channelerrors,our coderwasequivalent to G.722
at 48 kb/sin oneof two cleanspeechtests.For bothstreetandcar
noise,our 8 kb/scoderwasequivalentto G.722at 48 kb/s in one
of two testswhenusingthe10%Pooror Worsecriterion.

6. CONCLUSION

Wehavepresentedanembeddedmulti-ratewidebandspeechcoder
basedon the AMR narrowbandstandard.A completeAMR so-
lution basedon this codereasily passedall SelectionRulesand
rankedsecondoverall in therecent3GPPAMR WidebandSelec-
tion Testing.Besideshigh performance,additionaladvantagesof
the embeddedsplit-bandapproachinclude easeof implementa-
tion, reducedcomplexity, andsimplified interoperationwith nar-
rowbandspeechcoders.
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