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CH 4

High frequencies will give you jagged edgesa.

The non-original frequencies showing up in the frequencyi.
Spectral leakageb.

You use different windows to softeni.
The wave will be more gradualii.
You will start at 0 and end at 0 iii.

Soften out the leakagec.

100Hz wave formi.
Sampling rate/samples per block = frequency resolutionii.
8000/512 = 15.625 frequency resolutioniii.

Good frequency resolution1)
8000/4096 = 1.9531 frequency resolution iv.

Bad frequency resolution1)
8000/128 = 62.5  frequency resolutionv.

Then you can look at the energy at each of the frequenciesvi.

Frequency resolutiond.

This is suppose to be the Hz of the wave formi.

You'll get most of the energy in the two surrounding blocks around the actual Hz of 
the wave form

1)
If you give it an incorrect numberii.

Samples per blocke.

Is rather difficulti.

Look at one peak then the next peak and find the distance between those1)
Sometimes harmonics mess with the fundamental frequency2)

Time domain pitch trackingii.

Use the Fourier transform and look at its spectrum1)
Multiple peaks will show up2)
Most likely the first peak is the fundamental frequency3)

Frequency domain pitch trackingiii.

The cepstrum is Fourier transform of the log power spectrum1)
In your cepstrum you will get amplitude on y and quefrency on x2)
The fundamental frequency will appear as a blip in the lower part of the amp3)

Cepstral domainiv.

Autocorr.py1)

You get more peaks at 2 * the period, 3 * the period, etca)
Not always perfect either2)

Then you sum up these valuesa)
You multiply each sample by its neighbor from a distance3)

This helps you find the period a)
If  you get them exactly at a period apart there will be a big peak4)

Auto Correlationv.

Pitch Trackingf.

Properties of Fourier Transform

Amplitude: Darker bands are louderi.
Frequency on vertical scaleii.
Time as it goesiii.

Example: sound of t1)
For noise characters there is not bandingiv.

Banding shows up better if you have good frequency resolutionv.
Time resolution is better for smaller blocksvi.

Spectrograma.
Speech Anaylsis

Cepstrum

3/18/2009, 11:01 AM 
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CH 4

Cannot represent above the Nyquist frequencya.
Mirror around Nyquist frequency until you're at sampling rateb.

9000 Hz is like 1000 Hzi.
Over sampling rate just repeats on lower onesc.

Aliased frequencies are not discernable from valid frequenciesd.

Pre filter is the Nyquist frequency or right below thati.
We have a pre filter that prevents aliased frequencies from under samplinge.

Samples at 8kHzi.
Pre filter cuts out everything above 3.3kHzii.

Telephone systemf.

Mirror around 4000 (nyquist frequency)1)
8000 sampling ratei.

Create a tone at 1000 Hz for 1 secondii.
Create a tone at 7000 Hz for 1 secondiii.

1000 Hz aliases to 7000 Hz for 8000 sampling rate1)
Play each, they sound the sameiv.

Create a tone at 6000 Hz for 1 secondv.
Create a tone at 2000 Hz for 1 secondvi.

2000 Hz aliases to 6000 Hz for 8000 sampling rate1)
Play each, they sound the same againvii.

Come out as 01)
At 8000 Hz and 4000 Hzviii.

9000 Hz is like 1000 Hzix.

Exampleg.

Aliased Frequencies due to under sampling

Interactive tutoriala.
Adds noise to the signal to make signal sound betterb.

Dithering

There will be some noise in the signala.
Shape the noise to a higher frequency where we hear lessb.
It uses a feedback loop during quantization to do thisc.
Example in bookd.

Spreads error to 9 samples1)
POW-Ri.

Examplee.

Noise shaping

Popular music dynamics are compresseda.
Makes the softs not as soft and the louds not as loudb.

Dynamic range compression

Our ears are not sensitive to the amount of noise but the amount of noise compared to signala.
Normal quantization all levels are spaced equallyb.
Non-linear quantization uses more levels for lower amplitude signalsc.
Usually logarithmicd.

Used in US and Japan1)
Sign(x)((ln(1 + mu|x|))/(ln (1+mu)))2)

8kHz 8 bits/sample mu-lowa)
Roughly same quality as 12 bit linearb)

Telephone system3)

CD doesn't use it, they say they don't need it they have enough levels4)

Mu-lawi.

Used in Europe1)
A-Lawii.

Non-linear Compandinge.

Book has examplesf.

Non-linear quantization

3/20/2009, 10:53 AM 

sinegen.pya.
Uses sineb.
Needed for comparison for homework exercise 2c.
Scale factor changes the dynamic ranged.

Generate a sine wave
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Scale factor changes the dynamic ranged.

S440 = makeSine(440, 8000, 1000, 32767)
S440.play()
MediaTools->Examine Sound

440 concert Ae.

Standard, developed in 1983a.

Serial protocol @ 31.25 kb/seci.
Used for communicationii.

Note:  must specify pitch, duration (note on, note off), volumea)
Musical event1)

Specifies musical eventsiii.

Protocol b.

Each instrument needs a channel if they're going to play things at the same timei.
Channel / Track Systemc.

Specifies instruments so you have the same instruments on the same patches no matter 
where you are

i.

MIDI 2 added character info and some more stuffii.

General MIDI 1 d.

Each note has a numberi.
Middle C (C4) is 60ii.
C5 is 72iii.
Up 12 for each octave!iv.

Notese.

If you have 440 and want to go up an octave you get 880i.
8 scale tones between an octaveii.
12 notes/semitones in an octaveiii.

Whole semitone whole whole semitone 1)
Major Scaleiv.

2/1 is an octave1)
5/4 major third2)
3/2 fifth3)
If you go outside your key it messes up4)

Just intonationv.

Slightly out of tune1)
All scales and key will be equally out of tune2)

440 * 12th root of 2, 12 times you'll get 880a)
220 * 12th root of 2, 12 times is 440b)
12th root of 2 is 1.059c)

To get this even spacing we use3)

Equal temperament systemvi.

Musicf.

Each message has a status byte and sometimes data bytes1)

Most Significant Bits of is the messagea)
Least Significant Bits tell you what channel to apply this tob)
This allows 16 channelsc)
Lowest: 128d)
Highest: 255e)

One status bytes with multiple data bytesi)
Running statusf)

Most significant bit is set in status byte2)

Lowest: 0a)
Highest: 127b)

Most significant bit is not in the data byes3)

Uses Messagesi.

Chords1)
Notes2)
etc3)

Channel Messagesii.

Related to timing1)
System Messagesiii.

Organizationg.

MIDI

3/30/2009, 9:51 AM 

Distinguishing audio formats
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Linear or log quantizationi.
Signed or unsignedii.

How are the samples encodeda.

File formatb.

Big Indian MSB first then LSB1)
Little Indian LSB first then MSB2)
Wave uses little Indian3)

Little Indian or big Indiani.
Byte orderc.

Ch1 sample, ch2 sample, ch1 sample, ch2 sample, etci.
Interleaving keeps the samples for each time period togetherii.
Non interleaved keeps all the samples for each channel togetheriii.

Are the channels interleaved?d.

Sampling rate constraintsi.
Bit depth constraintsii.
Number of channelsiii.
Meta info in the fileiv.

File constraintse.

Lossy or lossless compression if applicablei.
Compressed or uncompressed dataf.

Open or proprietaryg.
Table of different audio formats in  table 5.1h.

Distinguishing audio formats

Wave file dissection http://ccrma.stanford.edu/courses/422/projects/WaveFormat/

EA created in 1985a.
Represents data in chunksb.

IFF (Interchange File Format)

Apple created in 1988a.
Uses big Indian byte orderb.

AIFF

Microsoft created in 1991a.
Same as AIFF but uses little Indian byte orderb.

RIFF

Glottis is the space between your vocal source1)
Source (vocal cords, noise generators: lips, etc)->filter->outputi.

From larynx up to lips1)
Your jaw, mouth act as a filter2)

Vocal tractii.

There is a impedance mismatch1)
Size of air is much greater then size of mouth2)

Causing a 6 dB/octave roll offa)
Creates a 6 dB/octave filter 3)

Done for most speech applicationsa)
Difference the samples to counter act this4)

When leaving the vocal tract to airiii.

Source-filter modela.
Speech

4/1/2009, 9:49 AM 

n = requestInteger("please type a number")
requestNumber is a float

I/O functions in JES are listed in JES Functions

Must consider if it causes a delaya.
Differentiation is a high pass filterb.

Very simplei.
1 bit per sampleii.
Fixed set sizeiii.
Each bit tells it to go up or downiv.
Some slopes will cause slope overload and distortionv.
Granular noise occurs during silence, since you cant specify no change only up and downvi.

Delta modulationc.

Audio Coding
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Granular noise occurs during silence, since you cant specify no change only up and downvi.
Less granular noise, smaller stepsvii.
Better slope overload resistance, larger stepsviii.
Good for just intelligible speechix.

Same as above but adaptive changes the step sizei.
You would also want a min and maxii.

M = {z, e(n) = e(n-1)1)
        {y, e(n) != e(n-1)

Exampleiii.

ADM (adaptive delta modulation)d.

Commonly usedi.
s(n) is the step sizeii.
s(n) = { ks(n-1)+P, e(n)=e(n-1)=e(n-2)iii.
           { ks(n-1)+Q, otherwise
P is  a large constant to allow for overloads
K allows or slows the response of the system to change in amplitude
40kbps = log PCM 8kHz 8 bits/sample, 64 kbps iv.
32kbps communication quality at 16kbpsv.

(CVSD) Continuously Variable Slope Delta Modulatione.

16 bits per sample for high qualityi.
12 bits per sample linear 8 bits log for pretty good qualityii.
Works fine for real time systemsiii.

Linear or Log PCM (Pulse Code Modulation)f.

Adaptively changes the quantization of the audio based on the energy in a block of audioi.

We use the previous blocks energy for the current to get around this1)
Finding the energy of the current block causes a problem for real time communicationii.

ACPM (Syllabic Companding)g.

You encode the differences between the samplesi.
DPCM (Digital pulse code modulation)h.

Used very ofteni.

Explicitly says that the samples are correlated closely1)
Predicts one sample ahead2)

A is adaptive, calculated every 10 to 20 msa)
Error is also calculated every 10 to 20 msb)

Uses e(n)=x(n)-ax(n-1) for error single3)

Adaptive predictionii.

ADPCM (2 types: adaptive digital code modulation and  adaptive prediction)i.

4/3/2009, 10:06 AM 

Left first sound to get back to original sounda.
Diffsnd differentiates the soundsb.
Sounds are more hollow kinda like telephone speech, also lowers the volume, seems to increase 
noise as well

c.

Diff.py is an example of dpcm

Averages samplesi.
Smoothingii.
Muffles with soundiii.

Low passa.

Differentiates samplesi.
Can increase noiseii.

High passb.

Filters

If the sample is postiive, set to 10,000a.
If the sample is negative, set it to -10,000b.

Infinite peak clipping

Frequency inversiona.
Invert the sign of every other sampleb.

Simple Encryption

Example in folder

4/6/2009, 10:11 AM 
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Modify the frequency ( spectrum ) of a soundi.

All-pass filter1)
Alter phase responseii.

Bothiii.

Usesa.

How many samples you are usingi.
Orderb.

Low passi.
High passii.
Band passiii.
Notch iv.

Depends on present and past input and past output1)
Causal filterv.

Can look ahead1)
Cannot operate in real time2)

Non-causal filtervi.

Typesc.

y(n) = summation from i =0 to m(a_i*(x_n-i))-summation from i = 1 to N(b_i*y_n-i)i.
Filter Equationd.

Stable filter: output goes to 0 after input goes to 0i.
Unstable filter: output may grow without boundii.

Stable vs. unstablee.

Response of a filter to a single pulse of soundi.
Example: 1/8x(n)+7/8y(n-1)ii.

N time x(n) y(n-1) y(n)

-10 0 0 0

-1 0 0 0

0 1 0 1/8

1 0 1/8 7/8*
1/8

2 0 7/8*
1/8

7/8*
7/8*
1/8

3 0 7/8*
7/8*
1/8

7/8*
7/8*
7/8*
1/8

And so on…

Tt will never go to zero1)
If 7/8s was greater then one, we would get an unstable filter2)
IIR gets equivalent or better results then FIR with fewer coefficients3)
Any analog filter can be implemented as IIR4)

Maximum flat frequency response at low frequenciesa)
Butterworth filter5)

Maximum linear phase response at low frequenciesa)
Bessel filter6)

Equal error above and below pass banda)
Equiripple criterionb)

Chebyshev filter7)

Elliptic filter8)

The above is an IIR (infinite impulse response),iii.

If depend only on present and past input will go to zero1)
All b coefficients are zero2)
Can have linear phase response3)
Cannot be unstable4)

FIR (finite impulse response)iv.

IIR FIR

No. of 
coeffici
ents

Low High

Sensitiv
ity to 

Can be 
high 

Low (16 
bits/co

Impulse responsef.

Filter
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ity to 
coeff 
quantiz
ation

high 
(24 
bits/co
eff)

bits/co
eff)

Probabi
lity of 
overflo
w

Can be 
high

None

Stabilit
y

Must 
be 
designe
d in

Always 
stable

Linear 
phase 
respons
e

None Can 
always 
be 
there 
(requir
es 
symme
tric 
coeffici
ents) 

Simulat
e 
analog 
filter

Yes No

Availabi
lity

Good Very 
good

Ease of 
design

Modera
tely 
complic
ated

Pretty 
easy

Adaptiv
e 
filtering

Can be Can be

v.

http://falstad.com/dfilter/vi.

4/8/2009, 10:00 AM 

Developed by Claude Shannona.
Tells us the most efficient way to encode signalsb.

This uses the idea of correlationi.
If it is completely random, it cannot be compressedii.

Encoding groups of symbols is always better then individual symbolsc.

We can vector quantize almost ANYTHINGi.

Eliminates stuff as  you go down the tree1)
Tree based vector quantizationii.

2  or more code books1)
Original result of the going through the first codebook is encoded by the second 
codebook

2)

You must send two numbers then, the first codebook value and second codebook 
value

3)

Multistage vector quantizationiii.

Use different code books based on the RMS1)
Usually for louder or voice sounds2)

Gain/shape vector quantizationiv.

N=number of vectorsa)
K=number of samples in the vectorb)

R = log2 N/K1)
Bit ratev.

Create random divisionsi)

Then split the vector○

Create one average vector of training dataii)

Createa)

Encode training samplei)
Training sampleb)

Requires more computation○

f distancei)

City Block: summation of absolute value of differencesii)

Measure distortionc)

If distortion is less than some threshold we decide we stopd)
Else we replace each codebook vector with the centroid of the input vectors 
that matched it

e)

Making a code book1)
Code bookvi.

We must decide size of codebook and how long each vector is1)
We will use 128 bit codebook 6 samples per vector2)

Encoder uses codebook to match to the closest vectorvii.

Takes the received value looks it up in codebook and assigns the sample value1)
Decoder needs codebook tooviii.

Sample (64) -> Encoder Codebook (8) -> Decoder Codebook (8) -> Sample (64)1)
Example:ix.

Vector quantizationd.

Just tries to represent this sequencei.
Wave form codere.

Knows how the signal was producedi.
Uses the above knowledge to help represent the dataii.

x(n) = summation from k=1 to k(a_k*k[n-k]+e(n))a)
Error signal is eb)

Look at past samples to predict future samples1)
ADPCMiii.

Much like ADPCM1)
Linear predictive codingiv.

Source coderf.

Information Theory
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Much like ADPCM1)
y(n) = summation from k=1 to k(a_k*k[n-k])2)
No error codes, not exactly encoding the signal3)

Residuala)
Distortionb)
Errorc)

Difference between sample we predicted and actual sample4)

Because our vocal tract cant move instantaneously, we can predict sameness 
below that time

a)

We can calculate once and use that value once for a certain length of timeb)

Models a vocal tract filter function5)

Coefficientsi)
Frequencyii)
Voiced/unvoicediii)
Gainiv)

Sends a)

Amplitudei)

Count these○

Unvoiced will have a lot○

Voiced will have a few○

Zero crossings: where the signal goes to 0ii)

Some consonants have high frequency○

Spectral energyiii)

Determine voiced or unvoicedb)

Time domaini)
Look for peaks in residualii)

Tracking frequencyc)

Just check the last 10 to 25msi)
Gaind)

Send the residual through the filteri)
Another thing we could do ise)

Transmitter6)

Residual excited linear prediction1)
Down to 9600 bps2)

RELPv.

Uses a code book1)
Down to 2400 bps2)
10-12 predictors is good for speech3)

Speexa)
LPC-10: Uses 10 predictorsb)

Used by4)

KELPvi.

4/13/2009, 9:58 AM 

Uses knowledge about the process that created the waveforma.
Source coders

Purely encode the waveforma.
Waveform coders

Takes the observation that any complex wave can be modeled as a summation of sine wavesi.
Breaks it up into frequency bandsii.
Uses less bits for lower frequency and more for higher frequencyiii.
Input -> filterbank (16-32 filters) -> band pass filters [1, 2, 3, … n] -> decimate -> ADPCM -> 
receiver -> decodes ADPCM -> back through band pass filters  [1, 2, 3, … n] -> combine into 
output

iv.

Sub-band codinga.

Study of how people perceive sound1)
Involvement of ear and brain2)

Uses psychoacousticsi.

Exploits how people hear acoustic elementsii.

In amplitude (dB) algorithmica)
In frequency (octave)b)

Hearing is non linear1)

Most acute between 1kHz-5kHz range2)

What do we know?iii.

Perceptual codingb.

Vocoders (voice coders)
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More power must be on 100 Hz sound to make it sound the same as 1kHzi)
Sone is based off this ideaii)

100 Hz and 1kHz sounda)
Most acute between 1kHz-5kHz range2)

If two sounds are in the same critical band, the difference is pretty much the 
same

a)

Linear up to 500 Hzb)
About 100Hz widec)
They get wider after 500 Hzd)
If we have a 400Hz and 450Hz tone and one is louder then the other, we will 
only hear the louder one

e)

So if  a tone is masked, we can throw it awayf)

Our hearing operates in terms of critical bands3)

If we can't hear it, throw it awayiv.
Perceptual coding is used by: MP3, OggVorbis, AC3 Dolbyv.

1991a.
3 audio layersb.

Cd quality soundi.
Uses a modified a discrete cosine transformii.

Mp3 is the third layer of mpeg1c.

Mpeg-1 

1994a.

Multichannel surround soundi.
Surround soundb.

Mpeg-2

1998a.

Voicei.
Midiii.

Supports mixed audiob.

Very high quality soundc.

Mpeg-4

2003a.
More general multimedia frameworkb.
Supports searching and filtering of multimedia datac.

Mpeg-7

Doesn't specify encoding/compressing algorithma.
Specifies how it must look to the decoderb.
Near cd quality is 11:1 compressionc.
We can specify mono or stereod.

384, 576, 1152 samples1)
Divide audio into framesi.

32 bands/filters1)
Layers 1 and 2 use equal sized bands2)

These bands more or less match critical bandsa)
Layer 3 has variable bands3)

Put through filterbankii.

512 or 1024 samples1)
Do an FFT on each bandiii.

Help decide what to throw away1)
Finds floor for quantization noise2)

Calculate masking curve for each bandiv.

Analyze tonal and non tonal elements in each bandv.

Masking could occur between bands1)
Determine interactions with neighboring bandsvi.

Determine bit depth needed for each bandvii.

Possibly apply Huffman encoding1)
Quantize the fft outputsviii.

Stepse.

MP3  and perceptual encoding

We know our ear doesn’t hear the shape, more the spectruma.
For every pitch period, it finds another wave with the same spectrum, and if the waveform 
repeats it can just say repeat and inverse

b.

Mozer encoding
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Cut out samples in blocksa.
Speeding up a sound w/o messing with the pitch

4/15/2009, 9:56 AM 

Voice responsei.

Recorded words of syllables1)
Takes recorded speech and replays it strung together2)

Copy synthesisii.

Throat, tongue, etc
Model speech tracta)

Send it pulse and the model will effect the soundb)

Articulatory synthesis1)

/i/ (ee) 270Hz 2200Hz 3000HzOne.
/a/ (ah) 900Hz 1100HzTwo.

Example: i)
Models the areas resonancesa)

2-3 formants are usually usedb)
Resonances are a little higher for women usuallyc)
Each person has slightly different formantsd)
To recognize specific voices you might want to use 4-5 formantse)

Formant synthesis2)

Text to speechiii.

Good for voiced and unvoiced1)
Bad for Zs and such2)
Problems with phase relationships (can be cancelled)3)

Parallel Synthesizeriv.

Good vowel sounds1)

Bad for things made above lyrnxa)
Bad for frickitive and explosives2)

Cascade Synthesizerv.

Relatively limited no. of words/phrases1)
Word insertion/concatenations2)

Record 0-9 in beginning position, ending position, and internal positioni)
They also record based on positiona)

Example: 411 telling you a phone number3)

Stored speech-copy synthesisvi.

Non tonala)

42 in Englishi)
A vowel or consonant soundii)

Phonemesb)

English1)

Tonala)
12 tonesb)

Chinese2)

Tonala)
4 tonesb)

Mandarin3)

Languagesvii.

Abbreviations1)
Digit Strings2)
Proper Names3)

Cam from dutcha)
Came from old english/old norseb)
Cambridge from roman bridge over river Camc)
Cameo from Italiand)
Magic e e rulee)

Thei)
Thereii)
This vs thickiii)
Thin thimbleiv)
Have vs shavev)

High frequency words are often exceptionsf)

Language irregularities4)

Problems with synthesizersviii.

You must decide:a.
Synthesis
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Have vs shavev)
Share vs behavevi)

Loudera)
Longerb)
Higher pitchc)

Travels over multiple wordsi)
Suprasegmentald)

Emphasis5)

Harmony of speecha)
Hard to make with synthesisb)

Prosody6)

Blending of soundsa)
Huge factorb)
Happens because our focal tract doesn't move instantaneouslyc)

Co articulation7)

$3.40i.
St. Mark St.ii.
1984iii.
15%iv.

Convert abbreviations, digit sequences, and special symbols to wordsa.

Part of a word1)
Ing is a morpheme2)

Have to not do s|ing|inga)
Sing|ing3)

Looking for prefixes, roots, and suffixes4)
New words always being created, new prefixes, suffixes not often5)

Hot|housea)
Thesis no boundariesb)

Provides pronunciations information6)

When we create word rules we don't apply those across morpheme boundaries7)

Morphological analysisi.
Identify morphemes and phrase and sentence boundaries, mark these boundariesb.

Use punctuation and syntax to estimate the appropriate intonationi.
Assign a duration and fundamental frequency (F0) to each phonemec.

Generate a wave formd.
A dictionary will be used for irregularitiese.

Developed at MITi.
Breakthrough in synthesisii.
Formant synthesizeriii.
Uses context window of 5 segments with 20 parametersiv.

Symbols -> words1)

Spellingi)
Part of speechii)
Pronunciationiii)

Dictionary of 12,00 morphemesa)

95% are converted to morphemesb)
5% handled by letter -> phonetic segment rulesc)

Words -> phonemes2)

Stress on each morphemesa)
Considers effect of suffixes, compound words, sets stress marks, catches vowel 
changes

b)

Determine Lexical stress3)

Based on the phrase a)
Catches theb)

Phonological recoding4)

Aids prosody assignmenti)
Assign a part of speech to each worda)

Phrase level parsing5)

Aids prosody assignmenta)
Tries to find emphatic stressb)

Does Symantec analysis6)

Assigns durations for every segmenta)
Prepausal lengthingsb)

Timing analysis7)

Pitch contour assignment8)

It's process:v.

MITalkf.

Text to Speech

   Test 2 Page 11    



Pitch contour assignment8)
Assign phonetic targets9)

Parameters every 5 msa)
Smoothes the target values10)

Converts parameters to synthesizer coefficients11)
Generates waveform using sampling rate of 10kHz12)

4/17/2009, 10:04 AM 

http://www.cs.indiana.edu/rhythmsp/ASA/highlights.html
Speech Synthesizers history

Power Point in Lectures folder

Framesi.
Amp vs. timeii.
Count zero crossingsiii.

High vs. low frequency energy (or high-mid-low, etc)1)
Spectral balanceiv.

FFT/filter bank coefficients1)
LPC coefficients2)

See what sounds are maskeda)
See what we hear mostb)

Auditory model3)

Most common modern daya)
Fourier transform of Fourier transformb)

Cepstral coefficients4)

Spectral detailv.

Representationa.

Different rates of speakingi.

Words effecting other words1)
Even the same words from the same speaker could be different if used in different 
orders

2)

Coarticulationii.

People speak very differentlya)
Different speakers1)

Accent2)
Room acoustics3)

Each microphone is uniquea)
Microphone characteristics4)

Background noise5)

Spectral differences due toiii.

How can we overcome these?iv.

If it is a telephone recognizer that is 90% accurate1)

Probability of 1 digits being correct = .9a)
Probability of 2 digits being correct = .81b)
Probability of 3 digits being correct = .729c)
Probability of 4 digits being correct = .6561d)
Probability of 5 digits being correct = .59e)
Probability of 6 digits being correct = .53f)
Probability of 7 digits being correct = .47g)
Already less then 50%h)

10 digits in phone number 2)

How accurate do we have to be?v.

Some words have silence in the word, ie six, Kansas Citya)
Endpoints1)

So a start thresholda)
Then a stop thresholdb)

Probably want some slack in the frequency threshold2)

It might come back up so also keep looking for a certain period after activation3)

Where does the speech start and end?vi.

Problemsb.

300,000 in English; 50,000 common1)
12,000 morphemes2)

Wordsi.
Recognition Unitsc.

Speech Recognition
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12,000 morphemes2)

Middle of the syllable to middle of the next syllable1)
2000 (1500 in initial position of word - 3000 in final position of word, some overlap)2)

Demisyllablesii.

Vowel nucleus + surrounding consonants1)
4400 (1370 covers 93% of English)2)

Syllableiii.

Smallest unit that makes a difference in a words sound sematically1)
~40 in English2)
One: oo ah n3)
It is an abstraction and have different sounds4)

Phonemesiv.

Includes stresses of phonemes like hard t and soft t, pit, piTa)
Acoustic instances of a phoneme1)

Thousands, but we can get by with ~2502)

Allophonesv.

Middle of one phoneme to the middle of the next1)
~12002)

As diphone #s-st-tr-ree-eet-t#a)
Street3)

Diphonevi.

Nearest neighbor rule (KNN)1)

Have templates of one, two, three, etca)
Get input and compare to templatesb)
Match to closest onec)

Matching numbers2)

Pretty good3)
Not as easy to use for large library4)

Decision rule could return unknown if not a good enough match existsa)

Speech->front end processing->pattern matching (stored models)->decision rule->
recognized or unknown

5)

Template matchingi.

Uses Bayes Rule1)
Statistical pattern recognitionii.

Hidden markov models HMMs1)
Good for large vocab2)
Probably what you will use if you're going to do large vocab recognition commercially3)

Works well for small vocabs andiii.

In development1)
Neural networksiv.

Approachesd.

4/20/2009, 10:03 AM 

Problem: people say things at different ratesa.

Form of dynamic programmingi.

High 2  1  3  4  5
Mid  4  7  2  1  3
Low  5 11 4  5  8

Input1)

3  0  1  3  4  5
5  5  4  2  7  5
2  9  4  4  1  5

Recognizer2)

Local distance matrix
4  12  6   5     5
9  13  9   10   12
4  14  0   3     7
2  10  4   7     9
7  5    11  12  8
5  13  5   8    10
Global distance matrix
Monotonic 
Use neighbors to help recognizition
Global Distance_i,j = local distance_i,j + min(D_i-1,j , D_i-1,j-1 , D_i,j-1 )

We will use abs value distance instead of Euclidian distance3)

Exampleii.

fil (dynamic time warping)b.

How do we recognize speech?
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Global Distance_i,j = local distance_i,j + min(D_i-1,j , D_i-1,j-1 , D_i,j-1 )
31  39  29  28  29 <-- 29 is the actual distance between the utterances
27  31  23  24  29
18  28  14  17  24
14  20  14  21  30
12  10  21  33  39
5    18  23  31  41
You do this for every frame then return the one that matches the besta)

Models speech pretty welli.

5 state model usually used1)
Finite state machine with probabilistic transitionsii.

Set of states {s} states Si, Sfiii.
Set of Transitions {a_i,j} a_i,j=probability of transitioning for si to sjiv.
{b_i,j(k)} output probability matrixv.

Probability of being in a particular state at time t+1 depends on the state at t only1)

The probability of a particular symbol being outputted is independent of the 
past

a)
Output independence assumption2)

This model makes two assumptionsvi.

Examplevii.

viii.

Given a model and an observed sequence what is the probability that the model 
generated that sequence

a)

Isolated word recognitionb)

Summing all paths of length t (time frame)i)
Exponential algorithmii)
Recursiveiii)
Model: iv)

v)

[A 0.8, B 0.2] [A 0.5, B 0.5] [A 0.3, B 0.7]vi)
t=0                        A              t=1              A              t=2        B                  t=3vii)
(1.0) State 1  -(.8*.6)->      0.48   -(0.6*0.8)->     0.23 -(0.6*0.2)->    0.03
                         \ (0.4*0.5)               \ (0.4*0.5)              \ (0.4*0.5)  
(0.0)State 2      --------->       0.2    -(1.0*0.3)->    0.16  -(1*0.7)->       0.16
P(M|y)=P(y|M)*P(M)

Solved by Forward algorithmc)

Evaluation1)

Given a model and an observed sequence what is the most likely state sequence 
that observed sequence?

a)

continuous speech recognitionb)

Looks back to see the most probably state for each time sequencei)
Viterbic)

Decoding2)

Three problemsix.

HMM (hidden markov model)c.
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Looks back to see the most probably state for each time sequencei)
At the end our most likely state was 2 (.16), before that most likely is state 
1 (.23), before that the most likely is state 1 (.48)

ii)

Therefore, went state1 (1.0) -> state 1 (.48) -> state 1 (.23) ->state 2 (.16)iii)

Given a model and an observed sequence, what should the models parameters 
be so it has a high probability of generating that sequence?

a)
Learning3)

Pretty easy evaluationa.

TI-20: digits and control words1)
TI-alpha: alphabet a to z2)

Speaker dependenti.

TIMIT: Set of sentence that are intended for continuous speech1)
Speaker independentii.

Noise condition sets exist toiii.

Standard data setsb.

% correct1)
% wrong2)
% reject3)

Results:i.
Do a test c.

Speech Recognition Evaluation

Qualityi.
Intelligibilityii.

2 evaluation factorsa.

Speech recognizer1)
SNR2)
Doesn’t really work that well3)

Objectivei.

A person1)
Listener opinion test2)
Predict degree of satisfaction for users3)
Asses relative effects of different kinds of degradation4)

People listen to sentencesa)

1 very annoyingi)
5 excellentii)

1-5b)

Abs category ratingc)
A few seconds for responsed)
Not longer then an hour teste)

MOS System5)

Rates the degradation, you play unencoded then encodeda)
D-MOS6)

Word differ by only one phonemeOne.
Uses 96 pairs of words, words have minimal differencesi)

Test consonantsii)

Ie play Daunt and the listener can select from daunt or tauntOne.
You ask which word they recognized of and play one of themiii)

DRTa)
Articulation (intelligibility test)7)

Subjectiveii.

Objective subjectiveb.

Synthesis/ transmission/ coding Evaluation

4/24/2009, 10:04 AM

Group presentation describing a multimedia development library or language
CSound, JavaSound, Java Media PAI, Python Imaging Library, PureData, Nyquist)
3-4 group
10-15 minutes
Capabilities
Advantages/disadvantages
Sampling rates?
Easy to use?
Image and Sound? 
2D and 3D?
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2D and 3D?
Any built in filtering?

The eye sees an image it retains ita.

If fps is faster then 40 the images are blurred togetheri.
~40 fps for flicker fusionii.

Flicker fusionb.

They show each frame twicei.
24 fps x 2 = 2 48 fpsii.

Characterized by width1)
35mm film2)
Images3)
Perforations to advance film through camera4)
Aspect ratio5)

Film is celluloid tapeiii.

16mm film1)
Aspect ratio 1.33:1 (Academy ratio/aperture)2)

Silent moviesiv.

35mm film1)

Aspect ratio 1.37:1 (Academy full screen)a)
US2)

Aspect ratio 1.66:1a)
European3)

1930 - 1950v.

Rotated the film 90 degreesa)
This allowed for wide shotsb)

10 Commandmentsi)
White Christmasii)

Filmed with thisc)

Vista Vision (1.85:1)1)

How to marry a millionairea)
The Robeb)
20 Leagues under the seac)

Anamorphic lens (2.39:1)2)

Easier to make widescreena)

Lawrence of Arabiai)

Turn it sidewaysOne.
Uses 1.43:1 because of the large image sizesTwo.

IMAXii)

Standard aspect ratio is 2.2:1b)

70mm film (also called 65mm)3)

1950's Widescreenvi.

Moviesc.

Uses linesi.
Broadcasted a line at a timeii.

Radio waves 4:31)
SDTViii.

19811)
Came around in Japan2)
1125 lines/frame3)
30 fps4)
16:95)

HDTViv.

16:91)
59.94 fps2)
Surround Sound3)

1920x1080 a)
interlaced scanningb)

1080i4)

1920x1080a)
Progressive scanningb)

1080p5)

1280x720a)
Progressive scanningb)

720p6)

HDTV nowv.

NTSCvi.

TVd.

Persistence of Vision
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US, Japan, Taiwan, some Caribbean/South America1)
1941 Monochrome Standards2)
1954 Color Standards3)

NTSCvi.

UK, Western Europe, Australia, New Zealand, China1)
1967 Color Standards2)

PAL (Phase Alternating Line)vii.

France, Eastern Europe1)
1967 Standards2)

SECAMviii.

MPEG standardsa.

Medium bandwidthi.
<= 1.5 Mbits/secii.
CD-ROMiii.

Allocated to video1)
352x2402)
30 Hz3)
Non-interlaced4)

1.25mb/seciv.

2 channels1)
Mp32)

250 Kb/s audiov.

MEPG1b.

Higher bandwidthi.
<=80Mbits/secii.

Supports surround sound1)
AAC2)

Up to 5 audio channelsiii.

Supports HDTV1)
Wider range of frame ratesiv.

Can be interlaced or non interlacedv.

MPEG2c.

Intended for HDTVi.
Up to frames of 1920x1080ii.
30 Hziii.
MPEG2 supports HDTV well, so MPEG3 hasn't been adoptediv.

MPEG3d.

Intended for very low bandwidthi.
<= 64Kb/sii.
176x155iii.
10Hziv.
Optimized for video phonesv.

For web and mobile application1)

Midia)
VRML 3D renderingb)
Digital rights managementc)

Supports2)

Extended to general multimedia coding standardvi.

MPEG4e.

Metadata: data about data1)
Metadata standardi.

Filtering1)
Searching2)
Content id3)
Low level characteristics4)
Data structure5)
Models6)
Index a wide range of data7)

Objectives: provide fast and efficientii.

Independence between the information and description of the informationiii.
Does audio, video, voice, images, graphs, 3D modelsiv.

MPEG7f.

Multimedia frameworki.
Uses Y-Cr-Cbii.

Intra pictures (I pictures)1)
3 types of picturesiii.

MPEG21g.

Video compression
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Coded using only info in picturea)
Provide random access into the video sequenceb)
You can always jump to an I picturec)
Uses transform codingd)
~2bits per pixel compressione)

DCT in 8x8i)
Quantize the DCT coefficientsii)
RLEiii)
Huffmaniv)

Encoding Process (like jpeg)f)

Intra pictures (I pictures)1)

Coded as error from previous p picture or I picturea)
Forward predictionb)

Uses 16x16 macro blocksi)
Finds nearest 16x16 block so even if its moved you can still get itii)

Motion compensationc)

Motion vectori)
DCT quantizationii)
RLEiii)
Huffmaniv)

Encodingd)

Predicted pictures (P pictures)2)

Motion vectora)
Can reference previous or next I or P pictureb)

Bidirectional pictures (B pictures)3)

Low               253x240 30Hz             4Mb/sa)
Main             720x480 30Hz             15Mb/sb)
High 1440    1440x1152 30Hz         60Mb/sc)
High              1920x1080 30Hz         80Mb/sd)

Levels 4)

No b picturesi)
Used 95% of timeii)
Cable TV, television etciii)

Simplea)

Used 95% of the timei)
Cable TV, television, etcii)

Mainb)

Adds scalabilityi)
Resolution codingii)

Main Plusc)

Profile5)

Left1)
Right2)
Center3)
2 surround4)

Channelsi.

Low frequency enhancementsii.
Up to 7 commentary/multilingual channelsiii.

16kHz1)
22.05kHz2)
24kHz3)

Supports half sampling ratesiv.

AACh.

If we put in a sine wave at 300 Hz twice, we get 600 Hz peak in spectruma.
If we put in a 300 Hz and 500 Hz, we get 100 Hz and 700 Hz peaks in spectrumb.
If we put in 300 Hz and 500 Hz, we get 200 Hz and 801 Hz peaks in spectrumc.
If we put in 300 Hz and 600 Hz, we get 301 Hz and 899 Hz peaksd.
If we put in 400 Hz and 500 Hz, we get peaks at 100 Hz and 899 Hze.
If we put in 400 Hz and 600 Hz, we get a peak at 200 Hz and 1005 Hzf.
We get the sum and difference tonesg.

Results of hw3

Generate a profile for every songi.
Find the distance between the passed song and all the profilesii.
Closest one is probably the right songiii.
www.rotorbrain.com/foote/musicr/nuts+bolts.htmliv.

TreeQ Music Retrievala.
Content-based retrieval
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www.rotorbrain.com/foote/musicr/nuts+bolts.htmliv.

Say you have a bunch of images, you want to be able to search for shade and it bring up all 
the pictures of shade without using any time of tag

i.

Shazam for the iPhoneii.

Example:b.

Monday 5/100
11:00 - 1:00
Cheek 213

Final

Expects one period of periodic data
Periodicity assumption

Block based

To minimize spectral leakage (frequencies leak into other bins)
Windowing

Long blocks, very good frequency resolution
Short blocks, very good time resolution

Half your sampling rate
Highest bin

Time / frequency resolution trade off

What a Fourier Transform gives you/does and assumptions it makes 

-Find the peaks
Time domain

-Do FFT
-Look at spectrum

Frequency domain

-Does FFT
-Does FFT on result
-Looks at spectrum
-In the quefrency there is a blip that is the frequency

Cepstral domain

-Error left over after predicting  waveform
-As the waveform goes along within the pitch period we are modeling the samples 
pretty well then when a new pitch period starts the prediction messes up for a little 
while so there are peaks where this happens

LPC residual

How it is done
Pitch tracking

Aliasing mirrors around the Nyquist Frequency
8kHz sampling

Sample 
at

Aliasing

5kHz 1kHz

What frequencies alias to
Aliasing

Source of sound that travels through a filter
Filter is your mouth, tongue, etc
Model of how we produce speech

Source filter model
Speech production

Basic sampling and quantization
Pulse Code Modulation

Difference samples
Delta Pulse Code Modulation

Checks 
Adaptive Pulse Code Modulation

Look these up

Very close to silence
Granular noise

CVSD fixes these:

Speech coding
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Very close to silence
If you do speech encoding with delta modulation you will get noise

Step size not big enough to keep up with the signal
Slope overload

High pass filter
Low pass filter
Band pass filter
Notch filter
Recognize filter by its equation
Frequency response of filter
Phase response of filter
Impulse response with equation given
If we difference or integrate samples know what it does for high pass or low pass
Know what infinite peak clipping is

Filtering

Simple method of encryption
Did a lab on it

Frequency inversion

R = log N / k
R: 
N:
k: 

Be able to find bit rate
Vector quantization

How its used in pitch tracking
Know Residual/distortion error/signal

Know problems

Noise source (pulses/white noise)
Basic LPC model

LPC Linear Predictive Coding

Uses a segment of the residual for source, instead of pulses/white noise
RELP residual excited linear prediction

Its RELP with a vector quantization code book
CELP code excited linear prediction

How it works
Mpeg-1 layer 3 audio
Sub band coding

MP3

Know what 1,2,4,7,21 are/their purpose
Know how mpeg2 does video compression
Ipicturesf
Ppictures
Bpictures

MPEG

Process for text to speech

Why you need multiple recordings of the same word
Copy synthesis

Prosody

Chinese
Where pitch makes a phonetic difference

Tonal language

Speech synthesis

Be able to do it with two sets of numbers
DTW Dynamic Time Warping

Know what it is

Forward algorithm to do this
If given a HMM and sequence, tell the probability that model gave that speech

HMM Hidden Markov Model

Speech recognition
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Forward algorithm to do this
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