
Differentialpulsecodemodulation

AccordingtotheNyquistsamplingcriterion,asignalmustbesampledat

asamplingratethatisatleasttwicethehighestfrequencyinthesignal

tobeabletoreconstructitwithoutaliasing.Thesamplesofasignalthat

issampled atthatrate orclose to generallyhave little correlation

betweeneachother(knowingasampledoesnotgivemuchinformation

aboutthenextsample).However,whenasignalishighlyoversampled

(sampledatseveraltimestheNyquistrate,thesignaldoesnotchangea

lotbetweenfrom onesampletoanother.Consider,forexample,asine

functionthatissampledattheNyquistrate.Consecutivesamplesof

thissignalmayalternateoverthewholerangeofamplitudesfrom –1

and1.However,whenthissignalissampledataratethatis100times

theNyquistrate(samplingperiodis1/100ofthesamplingperiodinthe

previouscase),consecutivesampleswillchangealittlefrom eachother.

This factcan be used to improve the performance ofquantizers

significantly by quantizing a signalthatis the difference between

consecutivesamplesinsteadofquantizingtheoriginalsignal.Thiswill

resultineitherrequiringaquantizerwithmuchlessnumberofbits(less

informationtotransmit)oraquantizerwiththesamenumberofbitsbut

muchsmallerquantizationintervals(lessquantizationnoiseandmuch

higherSNR).

DPCM isaderivativeofstandardPCM and exploitsthefactthat,for

mostaudiosignal,therangeofthedifferenceinamplitudebetween

successivesamplesofaudiowaveform islessthantherangeofthe

actualsampleamplitude.

Ifthedigitizeddifferencesignalisusedtoencodethewaveform then

fewerbits are required as compare to PCM signalwith the same

samplingrate.

Considerasignalx(t)thatissampledtoobtainthesamplesx(kTs),

whereTsisthesamplingperiodandkisanintegerrepresentingthe

samplenumber.Forsimplicity,thesamplescanbewrittenintheform

x[k],wherethesampleperiodTsisimplied.Assumethatthesignalx(t)

issampledataveryhighsamplingrate.Wecandefined[k]tobethe

differencebetweenthepresentsampleofasignalandtheprevious

sample,or



d[k]=x[k]–x[k-1]

Now this signald[k]can be quantized instead ofx[k]to give the

quantizedsignaldq[k].Asmentionedabove,forsignalsx(t)thatare

sampledataratemuchhigherthantheNyquistrate,therangeofvalues

ofd[k]willbelessthantherangeofvaluesofx[k].

Afterthetransmissionofthequatizedsignaldq[k],theoreticallywecan

reconstructtheoriginalsignalbydoinganoperationthatistheinverse

oftheaboveoperation.So,wecanobtainanapproximationofx[k]using

x̂[k]=dq[k]+x̂[k-1]

So,ifdq[k]isclosetod[k],itappearsfrom theaboveequationthat

obtainedx̂[]kwillbeclosetod[k].However,thisisgenerallynotthe

caseaswillbeshownlater.Thetransmitteroftheabovesystem canbe

representedbythefollowingblockdiagram

Thereceiverthatwillattempttoreconstructtheoriginalsignalafter

transmittingitthroughthechannelcanberepresentedbythefollowing

blockdiagram.



DPCM encoderanddecoder

(a)Encoder/decoder(B)encodertiming



 Thepreviousdigitizedsampleoftheanaloginputsignalisheldin

theregister(temporarystoragefacility.

 The difference signalis computed bysubtracting the current

contentsoftheregisterfrom thenew digitizedsampleoutputby

theADC

 Thevalueintheregisteristhenupdatedbyaddingtothecurrent

registercontentsthecomputeddifferencesignaloutputbythe

subtractorpriortoitstransmission.

Decoder

 Itoperatesbysimplyaddingthereceiveddifferencesignal(DPCM)

tothepreviouslycomputedsignalheldintheregister(PCM)

TheoutputofADC isuseddirectly.hencetheaccuracyofeach

computeddifferencesignal(residualsignal),isdeterminedbythe

accuracyoftheprevioussignalheldintheregister.

wearequantizingadifferencesignalandtransmittingthatdifference

overthechannel,thereconstructedsignalmaysufferfrom oneortwo

possibleproblems.

1.Accumulationofquantizationnoise:theabovesystem sufferfrom

thepossibleaccumulationofthequantizationnoise.Unlikethe

quantizationofasignalwherequantizationerrorineachsampleof

thatsignaliscompletelyindependentfrom thequantizationerror

in othersamples,the quantization errorin this system may

accumulatetothepointthatitwillresultinareconstructedsignal

thatisverydifferentfrom theoriginalsignal.

2.Effectoftransmissionerrors:inaregularPCM system,theeffect

ofanerrorthathappensinthetransmittedsignalisonlylimitedto

thesampleinwhichtheerroroccurs.InDPCM,anerrorthat

occursinthetransmittedsignalwillcauseallthereconstructed

samplesatthereceiverafterthaterroroccurstohaveerrors.

Therefore,evenifquantizationerrordidnotaccumulate,anerror

causedbythechannelwillcauseallsuccessivesamplestobe

wrong.



TheseproblemscanbesolvedbyusingpredictiveDPCM signalencoder

anddecoder

1.Eliminatingtheproblem ofaccumulationofquantizationnoise:

Thisproblem canbesolvedbyavoidingthequantizationofthe

difference signald[k]between x[k]and its previous sample

x[k–1],or

d[k]=x[k]–x[k-1]

andquantizinginsteadadifferencesignal(wewillcallitg[k])that

isthedifferencebetweenx[k]and theprevioussampleofits

quantizedform xq[k–1].Therefore,g[k]isgivenby



g[k]=x[k]–xq[k-1]

thiswillrequireapplyingthequantizeronthesignalx[k]toobtain

xq[k–1],whichwearetryingtoavoidsincetheamplitudeofx[k]is

generallylargerthantheamplitudeofadifferencesignalliked[k]

oreveng[k].Infact,ifbothx[k]andg[k]areavailable,wecan

reconstructthequantizedform ofx[k]usingthefollowingsystem.

Intheabovesystem,wecaneasilyprovethattheresultingsignal

xq[k]isthequantizedform ofx[k].

Now,theoutputofthequantizeristhequantizedform ofg[k]

whichcanberepresentedbyaddingaquantizationnoiseq[k]to

theinputofthequantizer.Therefore,

gq[k]=g[k]+q[k]

Substitutingforg[k]ingq[k]gives

gq[k]=g[k]=x[k]–xq[k-1]+q[k]

From theblockdiagram,

Xq[k]=gq[k]+xq[k-1]



=x[k]+q[k]

So,infact,thefunctionxq[k]isthequantizedform ofx[k]asseen

bythelastlineoftheaboveequation.

Ifwepassedx[k]throughthesamequantizerintheblockdiagram

above,wewillgetanotherfunctionxq2[k]withsamplesthatare

generallydifferentfrom xq[k].

AtthereceiversideoftheDPCM system,wecanusethe“Predictor”

sinceitsinputistheDPCM outputgq[k]anditsoutputisthe

desiredsignalxq[k].Thereforetheblockdiagram wouldbeas

follows.

2.Reducingtheeffectoftransmissionerrors:asmentionedbefore,

transmission errors resultin errors in allthe reconstructed

samplesoftheinputsignalthatcomeafterthetransmissionerror.

Thebestmethodtocombatthisproblem istodividethedatainto

setsofsamplesandresentthetransmitterandreceiverafterthe

transmissionofeachsetofsamples.Thisway,atransmission

errorthatoccurswillaffectonlythesamplesofthatpartofthe

data.Oncethesystem isreset,theeffectofthaterrorwillstop.

AdaptivedifferentialPCM



TheprincipleofAdaptivedifferentialPCM isusingfewerbitstoencode

andhencetransmitsmallerdifferencevaluethenforlargervalues.An

internationalstandardforthisisdefinedinITU-TrecommendationG.721.

ascomparetoDPCM aneightorderpredictorisusedandtheno.ofbits

usedtoquantizeeachdifferencevalueisvaried.

AsecondADPCM standardisdefinedinITU-TrecommendationG.722.

ThisprovidesbettersoundqualityascomparetostandardG.721atthe

expenseofaddedcomplexity.Itusesanaddedtechniqueknownassub

bandcoding

Theinputspeechbandwidthisextendedtobefrom 50Hzthroughto

7KHz-as compare to 3.4KHzfora standard PCM .hence a wider

bandwidthproducesahigherfidelityspeechsignal.



Toallowforhighersignalbandwidth,priortosampling,theaudioinput

signalisfirstpassedthroughtwofilters

 Onefilterpassessignalfrequenciesintherangeof50Hzto3.5kHz.

itiscalledlowersubbandsignal

 Otherpassessignalfrequenciesintherangeof3.5kHzto7KHz.It

iscalleduppersubbandsignal.

Therefore the inputsignalis divided into two separate equal

bandwidthsignals.

EachisthensampledandencodedindependentlyusingADPCM

 Theuseoftwosubband hastheadvantagethatdifferentbitrates

canbeusedforeach.

 Thefrequencycomponentsthatarepresentinthelowersubband

signalhaveahigherperceptualimportancethanthoseintheupper

subband.

 Theoperatingbitratecanbe64,56,or48kbps.

 Forexample,with abitrateof64kbs,thelowersubband is

encodedat48kbpsanduppersidebandat16kbps.

 Thetwobitstream arethenmultiplexedtogether,toproducethe

transmittedsignal(64kbps),insuchawaythatthedecoderinthe

receiverisabletodividethem backagainintotwoseparatestrems

forencoding.

ThirdstandardisITU-TrecommendationG.726

 Italsousessubbandcodingbutwithaspeechbandwidthof3.4Hz.

 Theoperatingbitratecanbe40,32,24,or16kbps.

Adaptivepredictivecoding

Ahigherlevelofcompressioncanbeobtainedbymakingthepredictor

coefficentsadaptive.thisistheprincipleofAdaptivepredictivecoding

Theoptimum setofpredictorcoefficentscontinuouslyvary,sincethey

areafunctionofthecharacteristicsoftheaudiosignalbeingdigitized.

Toexploitthisproperty,theinputspeechsignalisdividedintofixedtime



segm.ents

For each segment . the currently prevailing characteristics are

determined.

Theoptimum setofcoefficentsarethencomputed.

Thesecoefficentsareusedto predictmoreaccuratelytheprevious

signal

Thistypeofcompressioncanreducethebandwidthrequirementto

8kbps,andobtainanacceptableperceivedquality

Linearpredictivecoding

LPC methods are the mostwidelyused in speech coding,speech

synthesis,speechrecognition,speakerrecognitionandverificationand

for speech storage – LPC methods provide extremely accurate

estimatesofspeechparameters,anddoesitextremelyefficiently.



PCM methodisbasedonsendingthequantizedsamplesdirectly and

DPCM methodisbasedonsendingthequantizeddifferencesignaland

itsderivative

butLPCmethodinvolvesanalysingtheaudiowaveform todeterminea

selectionoftheperceptualfeatureitcontains.

Thesearethenquantizedandsent.

Thedestinationusesthem ,togetherwiththesoundsynthesizer.To

regenerateasoundthatisperceptuallycomparablesourceaudiosignal.

Thereforeitisnecessarytoidentifytheperceptualfeaturetobeused

.thethreefeaturewhichdeterminetheperceptionofasignalbytheear

are:-

 Pitch

 Period

 Loudness

Pitchthisiscloselyrelatedtothefrequencyofthesignal,itisimportant

becausetheearismoresensitivetothefreq.intherangeof2-5kHzthan

tofreq.thatarehigherorlowerthanthese.

Periodthisisthedurationofthesignal

Loudnessthisisdeterminedbytheamountofenergyinthesignal.

Vocaltractexcitationparameters

 Vocalsounds-thesearegeneratedthroughthevocalchords

Eg.Soundrelatingtotheletterm,v.

 Unvoicedsounds-thevocalchordsareopen

Eg.Soundrelatingtothelettersf,s.

Whentheperceptualfeaturehavebeenobtainedfrom thesourcewave

form ,itispossibletousethem withasuitablemodelofvocaltract,to

generateasynthesizedversionoforiginalspeechsignal.

LPCencoderanddecoder



 Theinputspeechwaveform isfirstsampledandquantizedata

definedrate

 A block ofdigitized samples (segment)is then analysed to

determinethevariousperceptualparametersofthespeech

 The speech signalgenerated bythe vocaltractmodelin the

decoder is function of the present output of the speech

synthesizerplusalinearfunctionoftheprevioussetofmodel

coefficents

 Hencethevocaltractmodelusedisadaptive.

 Theoutputoftheencoderisastringofframes,oneforeach

segment.

 Eachframecontainsafieldforpitch,loudnessandanotification

ofwhetherthesignalisvoicedorunvoiced,

MPEG(motionpictureexpertgroup)audiocoders

MotionpictureexpertgroupwasformedbytheISOtoformulateaset

ofstandardsrelating to a range ofmultimedia applicationsthat

involvetheuseofvideowithsound.

ThecoderassociatedwiththeaudiocompressionareknownaMPEG

audiocodersandanumberoftheseusesperceptualcoding.

MPEGencoderanddecoder



 The time varying audio input signalis first sampled and

quantizedusingPCM ,thenthesamplingrateandthenumberof

bitspersampleisbeingdetermined

 Thebandwidththatisavailablefortransmissionisdivideintoa

numberoffreq.subbandsusingabankofanalysisfilter(critical



bandfilter)

 criticalband filtermap each setof32 PCM samples into

equivalentsetof32freq.samples,onepersubband.Eachfreq.

subbandisofequalwidth,eachisknownassubbandsamples

 Eg.Assume 32 subband and a sampling rate of32ksps,i.e

maximum signalfreq.of16kHz,thereforeeachsubbandhasa

bandwidthof500Hz.

 Inabasicencoder,thetimedurationofeachsampledsegmentof

theaudioninputsignalisequaltothetimetoaccumulate12

sucessivesetsof32PCM anfhencesubbandsamples.thatis

timedurationequalto(12*32)PCM samples.

 criticalbandfilteralsodeterminesthemaximum amplitudeofthe

12subbandsamplesineachsubband.eachisknownasScaling

factorfothesubband.thesearepassedtogetherwiththesetof

frequencysamplesineachsubbandtothequantizerblockandto

thepsychoacousticmodel

 The processing associated with both the freq.and temporal

masking carried outby the psychoacoustic modelwhich is

performedconcurrentlywitnthefilteringandanalysingoperation

 DFT(discretefouriertransform )isusedtotransform 12setsof

32PCM samplesintoanequivalentsetoffrq.Components.

 Then using the masking properties and hearing threshpld of

subband ,the psychoacoustic modeldetermines the various

maskingeffectofthissetofsignals,theoutputofthismodelis

knownassignaltomaskratio.

 This ratio indicates those freq,components whose amplitude

belowtherelatedaudiblethreshold

 Thesetofscalingfactorsareusedtodeterminethequantization

accuracy

 Allthefrequencycomponentsinasampledsegmentareencoded

andthesearecarriedinaframetheformatofwhichshowninfig.

Header=itcontainsinformationrelatedtosamplingfreq.



Subbandsampleformat-thepeakamplitudelevelineachsubbandis

firstquantizedusing6bits–giving1to64levels andfurther4bits

arethenusedtoquantizethe12freq.components

 Decoder

Dequantizerisusedtodeterminethemagnitudeofeach32subband

samples,andthenpassedthesetothesynthesisfilterbank..the

bankthenproducesthecorrespondingsetofPCM sampleswhichare

decodedtoproducethetimevaryinganalogoutputsegment.

Axcillarydatafield–itisusedtocarrytheadditionalcodedsamples

 Decoder is less complex than the encoder because

psychoacousticmodel

Isnotrequiredindecoder.

MPEGlayer1,2,3perceptualencoder


