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Orientation

• Module 6 (today’s class)
• Parameterising speech
• Features that we want to model
• A representation that can be modelled

• A ‘deep dive’ into F0 estimation
• F0 is a key feature we want to extract
• RAPT is a classical example of a signal 

processing algorithm
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Orientation
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Figure 19: How to estimate aperiodicity index..

Finally the ap values are calibrated based on the calibration table that was prepared based on a series of simulations
using synthetic vowels.

imagesc([0 794],[0 fs/2],10.0.^(ap/20));axis(’xy’)

The following figure is the extracted aperiodicity index using the formula above. The speech is a Japanese vowel
sequence /aiueo/. This index is represented in dB. The value 0 dB indicates that the excitation is totally random
because it represents contribution from energy of random component. When the index is set lower than -60 dB, the
excitation is effectively purely periodic.
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Figure 20: Extracted aperiodicity index using the formula above. The speech is a Japanese vowel sequence /aiueo/.

The following Matlab command line session record shows how to modify the apriodicity index to control excitation
source.
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Figure 21: STRAIGHT spectrogram for the same sample. The speech is a Japanese vowel sequence /aiueo/.

>> [x,fs,nbs,ops]=wavread(’vaiueo2d.wav’);
>> [f0raw,ap]=exstraightsource(x,fs);
>> n3sgram=exstraightspec(x(:,1),f0raw,fs);
>> syOrg = exstraightsynth(f0raw,n3sgram,ap,fs);
>> syApr = exstraightsynth(f0raw,n3sgram,ap*0,fs);
>> syPpr = exstraightsynth(f0raw,n3sgram,ap*0-60,fs);
>> [syPprD0,prmS] = exstraightsynth(f0raw,n3sgram,ap*0-60,fs);
>> prmS

prmS =

spectralUpdateInterval: 1
groupDelayStandardDeviation: 0.5000
groupDelaySpatialBandWidth: 70

groupDelayRandomizeCornerFrequency: 4000
ratioToFundamentalPeriod: 0.2000

ratioModeIndicator: 0
levelNormalizationIndicator: 1

headRoomToClip: 22
powerCheckSegmentLength: 15

timeAxisMappingTable: 1
fundamentalFrequencyMappingTable: 1

frequencyAxisMappingTable: 1
timeAxisStretchingFactor: 1

DisplayPlots: 0
lowestF0: 50

statusReport: ’ok’

>> prmS.groupDelayStandardDeviation = 0.001;
>> [syPprD0,prmS] = exstraightsynth(f0raw,n3sgram,ap*0-60,fs,prmS);
>> wavwrite(syOrg/32768,fs,16,’synAiueoOrg.wav’);
>> wavwrite(syApr/32768,fs,16,’synAiueoApr.wav’);
>> wavwrite(syPpr/32768,fs,16,’synAiueoPpr.wav’);
>> wavwrite(syPprD0/32768,fs,16,’synAiueoPprD0.wav’);

Examples synthesized using these commands are linked below. (Links are accessible only in the HTML version of
this document.)
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F0 estimation (‘pitch tracking’)

• Discussion points
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David Talkin "A Robust Algorithm for Pitch Tracking (RAPT)"
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Warm-up

• check your units !
• time
• frequency
• sampling rate
• sampling interval
• samples
• frame

• convert between time and samples
• describe a frame of samples from a 

longer waveform
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What’s the relationship between samples and frames in Equation 2.1 ?
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These equations are the almost same, except for notation
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Video 3 - F0 estimation (part 1)
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Discuss the relative importance of each point, and how RAPT deals with it
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Draw a diagram that shows candidate generation

• Hint : start with Figure 2 (the correllogram) 
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Annotate N_CANDS on your diagram
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Find a diagram in the slides on which you can annotate CAND_TR
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Draw a diagram describing the dynamic programming

• What are the states?
• and how many are there?

• What are the transitions?

• What is the local cost?
• Hint: it’s different for voiced vs unvoiced candidates

• What is the transition cost?
• Hint: it depends on voicing status
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Annotate your diagram describing the dynamic programming with
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