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RECOGNITION

ASR

When Frederic was a little lad he proved so brave and daring,
His father thought he'd 'prentice him to some career seadgari
I was, alas! his nurs’rymaid, and so it fell to my lot
To take and bind the promising boy apprentice fmlat —
A life not bad for a hardy lad, though surely not a high lot,
Though I'm a nurse, you might do worse than make your boy a.pilo
| was a stupid nurs’rymaid, on breakers always steering,
And | did not catch the word aright, through being hard of rear
Mistaking my instructions, which within my brain did gyrate
| took and bound this promising boy apprentice toirate.

The Pirates of Penzanc&ilbert and Sullivan, 1877

Alas, this mistake by nurserymaid Ruth led to Frederic'glomdenture as a pirate and,
due to a slight complication involving 21st birthdays andpeears, nearly led to 63
extra years of apprenticeship. The mistake was quite Hatura Gilbert-and-Sullivan
sort of way; as Ruth later noted, “The two words were so muiktetl True, true;
spoken language understanding is a difficult task, and @nsarkable that humans do
as well at it as we do. The goal atitomatic speech recognitio{ASR) research is to
address this problem computationally by building systeimas mmap from an acoustic
signal to a string of wordsAutomatic speech understanding ASU) extends this goal
to producing some sort of understanding of the sentendeenrtttan just the words.
The general problem of automatic transcription of speecéryyspeaker in any en-
vironment is still far from solved. But recent years havens@8R technology mature
to the point where it is viable in certain limited domains. édnajor application area
is in human-computer interaction. While many tasks areebetblved with visual or
pointing interfaces, speech has the potential to be a hatexface than the keyboard
for tasks where full natural language communication isuisef for which keyboards
are not appropriate. This includes hands-busy or eyesdusications, such as where
the user has objects to manipulate or equipment to controloti#er important ap-
plication area is telephony, where speech recognitionresadly used for example in
spoken dialogue systems for entering digits, recognizymes™ to accept collect calls,
finding out airplane or train information, and call-routifi§ccounting, please”, “Prof.
Regier, please”). In some applications, a multimodal fat combining speech and
pointing can be more efficient than a graphical user interfaithout speech (Cohen
et al., 1998). Finally, ASR is applied to dictation, thattignscription of extended
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DIGITS TASK

ISOLATED WORD
CONTINUOUS
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monologue by a single specific speaker. Dictation is commdieids such as law and
is also important as part of augmentative communicatidaei@ction between comput-
ers and humans with some disability resulting in the inghiib type, or the inability to
speak). The blind Milton famously dictat&radise Losto his daughters, and Henry
James dictated his later novels after a repetitive strgssyin

Before turning to architectural detalils, let's discuss s@mfithe parameters and the
state of the art of the speech recognition task. One dimeri@ariation in speech
recognition tasks is the vocabulary size. Speech recogrniieasier if the number of
distinct words we need to recognize is smaller. So tasks avithio word vocabulary,
like yesversusnodetection, or an eleven word vocabulary, like recognizeguences
of digits, in what is called thdligits task task, are relatively easy. On the other end,
tasks with large vocabularies, like transcribing humamahn telephone conversations,
or transcribing broadcast news, tasks with vocabularig¢gd00 words or more, are
much harder.

A second dimension of variation is how fluent, natural, oneseational the speech
is. Isolated word recognition, in which each word is surrounded by some sqraake,
is much easier than recognizingntinuous speechin which words run into each other
and have to be segmented. Continuous speech tasks thesgatyegreatly in diffi-
culty. For example, human-to-machine speech turns out farbeasier to recognize
than human-to-human speech. That is, recognizing speelchrnoéns talking to ma-
chines, either reading out loud iead speech(which simulates the dictation task), or
conversing with speech dialogue systems, is relatively.eRgcognizing the speech
of two humans talking to each other,éonversational speechiecognition, for exam-
ple for transcribing a business meeting or a telephone eeatien, is much harder.
It seems that when humans talk to machines, they simplifiy 8peech quite a bit,
talking more slowly and more clearly.

A third dimension of variation is channel and noise. Comnatttictation systems,
and much laboratory research in speech recognition, is dathehigh quality, head
mounted microphones. Head mounted microphones elimihaw@istortion that occurs
in a table microphone as the speakers head moves aroune daisy kind also makes
recognition harder. Thus recognizing a speaker dictatirsgguiet office is much easier
than recognizing a speaker dictating in a noisy car on thevay with the window
open.

A final dimension of variation is accent or speaker-classattaristics. Speech is
easier to recognize if the speaker is speaking a standdetdiar in general one that
matches the data the system was trained on. Recognitiomisshérder on foreign-
accented speech, or speech of children (unless the systsrapeaifically trained on
exactly these kinds of speech).

Table 9.1 shows the rough percentage of incorrect wordsitnd error rate , or
WER, defined on page 45) from state-of-the-art systems ongeraf different ASR
tasks.

Variation due to noise and accent increases the error raiesacpit. The word error
rate on strongly Japanese-accented or Spanish accentishihas been reported to be
about 3 to 4 times higher than for native speakers on the saskdTomokiyo, 2001).
And adding automobile noise with a 10dB SNR (signal-to-eo&tio) can cause error
rates to go up by 2 to 4 times.
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LVCSR

SPEAKER-
INDEPENDENT

| Task | Vocabulary | Error Rate %]
TI Digits 11 (zero-nine, oh) 5
Wall Street Journal read speech 5,000 3
Wall Street Journal read speech 20,000 3
Broadcast News 64,000+ 10
Conversational Telephone Speech (CT$) 64,000+ 20

Figure 9.1 Rough word error rates (% of words misrecognized) reportedral 2006
for ASR on various tasks; the error rates for Broadcast NewdsGI'S are based on par-
ticular training and test scenarios and should be takenlggmbanumbers; error rates for
differently defined tasks may range up to a factor of two.

In general, these error rates go down every year, as spesmirigon performance
has improved quite steadily. One estimate is that perfoom&ias improved roughly
10 percent a year over the last decade (Deng and Huang, 20@)¢ a combination
of algorithmic improvements and Moore’s law.

While the algorithms we describe in this chapter are appleacross a wide va-
riety of these speech tasks, we chose to focus this chaptiedondamentals of one
crucial area:Large-Vocabulary Continuous Speech RecognitioliLVCSR). Large-
vocabulary generally means that the systems have a vocghaflaoughly 20,000
to 60,000 words. We saw above ttaintinuous means that the words are run to-
gether naturally. Furthermore, the algorithms we will dsx are generallgpeaker-
independent that is, they are able to recognize speech from people wépmesech the
system has never been exposed to before.

The dominant paradigm for LVCSR is the HMM, and we will focus this ap-
proach in this chapter. Previous chapters have introduaed of the core algorithms
used in HMM-based speech recognition. Ch. 7 introducedeligokonetic and phono-
logical notions ofphone, syllable, and intonation. Ch. 5 and Ch. 6 introduced the use
of the Bayes rule the Hidden Markov Model (HMM ), the Viterbi algorithm, and
the Baum-Welch training algorithm. Ch. 4 introduced titggram language model
and theperplexity metric. In this chapter we begin with an overview of the atety
ture for HMM speech recognition, offer an all-too-brief oview of signal processing
for feature extraction and the extraction of the importamQC features, and then in-
troduce Gaussian acoustic models. We then continue withVitenbi decoding works
in the ASR context, and give a complete summary of the trgipiocedure for ASR,
calledembedded training Finally, we introduce word error rate, the standard evalua
tion metric. The next chapter will continue with some adwhASR topics.

9.1 SPEECHRECOGNITIONARCHITECTURE

NOISY CHANNEL

The task of speech recognition is to take as input an acowstieform and produce
as output a string of words. HMM-based speech recognitistesys view this task
using the metaphor of the noisy channel. The intuition ofribesy channelmodel

(see Fig. 9.2) is to treat the acoustic waveform as an “noigysion of the string of
words, i.e.. a version that has been passed through a naissnanications channel.
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BAYESIAN

This channel introduces “noise” which makes it hard to redogthe “true” string of
words. Our goal is then to build a model of the channel so tleatan figure out how
it modified this “true” sentence and hence recover it.

The insight of the noisy channel model is that if we know hoas¢hannel distorts
the source, we could find the correct source sentence for afarm by taking every
possible sentence in the language, running each sentemegykhour noisy channel
model, and seeing if it matches the output. We then seledbéise matching source
sentence as our desired source sentence.

source sentence

If music be
the food of love...

decoder

Every happy family

In a hole in the ground W 2

If music be the food of love noisy N

guess at source:

If music be
the food of love...

Figure 9.2 The noisy channel model. We search through a huge space @fitjzdt
“source” sentences and choose the one which has the higlobstiility of generating the
“noisy” sentence. We need models of the prior probabilitg sburce sentencdl{grams),

the probability of words being realized as certain stringptmnes (HMM lexicons), and

the probability of phones being realized as acoustic ortsalieatures (Gaussian Mixturg
Models).

Implementing the noisy-channel model as we have expresselig. 9.2 requires
solutions to two problems. First, in order to pick the senéethat best matches the
noisy input we will need a complete metric for a “best matcB&cause speech is so
variable, an acoustic input sentence will never exactlycinainy model we have for
this sentence. As we have suggested in previous chaptevd|lwse probability as our
metric. This makes the speech recognition problem a speass ofBayesian infer-
ence a method known since the work of Bayes (1763). Bayesiaménfze or Bayesian
classification was applied successfully by the 1950s todagg problems like optical
character recognition (Bledsoe and Browning, 1959) andtiocaship attribution tasks
like the seminal work of Mosteller and Wallace (1964) on daiaing the authorship of
the Federalist papers. Our goal will be to combine varioobabilistic models to get a
complete estimate for the probability of a noisy acoustisesbation-sequence given a
candidate source sentence. We can then search througtetteajall sentences, and
choose the source sentence with the highest probability.

Second, since the set of all English sentences is huge, wieamezfficient algorithm
that will not search through all possible sentences, buy onks that have a good
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(9.1)

(9.2)

(9.3)

(9.4)

chance of matching the input. This is ttlecodingor searchproblem, which we have
already explored with the Viterbi decoding algorithm for W in Ch. 5 and Ch. 6.
Since the search space is so large in speech recognitiaieeffsearch is an important
part of the task, and we will focus on a number of areas in fearc

In the rest of this introduction we will review the probabiic or Bayesian model
for speech recognition that we introduced for part-of-gbdagging in Ch. 5. We then
introduce the various components of a modern HMM-based ASEB.

Recall that the goal of the probabilistic noisy channel agedture for speech recog-
nition can be summarized as follows:

“What is the most likely sentence out of all sentences indhguage?
given some acoustic input O?”

We can treat the acoustic inpOtas a sequence of individual “symbols” or “obser-
vations” (for example by slicing up the input every 10 mélc®nds, and representing
each slice by floating-point values of the energy or freqiemnof that slice). Each
index then represents some time interval, and successivelicate temporally con-
secutive slices of the input (note that capital letters stdind for sequences of symbols
and lower-case letters for individual symbols):

0 =04,02,03,...,0

Similarly, we treat a sentence as if it were composed of agtf words:

W:W13W27W37"' »Wn

Both of these are simplifying assumptions; for exampledihg sentences into
words is sometimes too fine a division (we’d like to model$aaibout groups of words
rather than individual words) and sometimes too gross aidwi(we need to deal with
morphology). Usually in speech recognition a word is defibgdrthography (after
mapping every word to lower-casedakis treated as a different word thaaks but
the auxiliarycan(“can you tell me...") is treated as the same word as the cau'i
need acanof...”).

The probabilistic implementation of our intuition aboveenh, can be expressed as
follows:

W = argmaP(W|O)
WeZ
Recall that the function argmgak(x) means “the x such that f(x) is largest”. Equa-
tion (9.3) is guaranteed to give us the optimal sent&iceve now need to make the
equation operational. That s, for a given sentéfcand acoustic sequen@ewe need
to computeP(W|O). Recall that given any probabilify(x|y), we can use Bayes' rule
to break it down as follows:

P(y|x)P(x)
P(y)

We saw in Ch. 5 that we can substitute (9.4) into (9.3) asvadlo

P(Xly) =
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(9.5)

(9.6)

LANGUAGE MODEL
ACOUSTIC MODEL

(9.7)

(9.8)

WeZ P(O)

The probabilities on the right-hand side of (9.5) are for thest part easier to
compute tharP(W|O). For exampleP(W), the prior probability of the word string
itself is exactly what is estimated by timegram language models of Ch. 4. And we
will see below thatP(O|W) turns out to be easy to estimate as well. BYO), the
probability of the acoustic observation sequence, turigmbe harder to estimate.
Luckily, we can ignoréP(O) just as we saw in Ch. 5. Why? Since we are maximizing

over all possible sentences, we will be comput ‘VE%';(M for each sentence in the

language. BuP(O) doesn’t change for each sentence! For each potential senten
we are still examining the same observati@ysvhich must have the same probability
P(O). Thus:
W= argmaxw — argma®(O|W) P(W)
We.z P(O) We.z

To summarize, the most probable senteWégiven some observation sequence
O can be computed by taking the product of two probabilitiessiach sentence, and
choosing the sentence for which this product is greatesé gémeral components of
the speech recognizer which compute these two terms haves)B(W), the prior
probability , is computed by théanguage model while P(O|W), the observation
likelihood, is computed by thacoustic model

likelihood prior

~ —
W = argmaxP(O|W) P(W)
WeZ
The language model (LM) prid?(W) expresses how likely a given string of words
is to be a source sentence of English. We have already sedm i ldbw to compute
such a language model priBfW) by usingN-gram grammars. Recall that &hgram
grammar lets us assign a probability to a sentence by congputi

P(W]) ~ k|j|lP<wk|w/ﬁ:hH>

This chapter will show how the HMM we covered in Ch. 6 can bedusebuild
an Acoustic Model (AM) which computes the likeliho®dO|W). Given the AM and
LM probabilities, the probabilistic model can be operatitired in a search algorithm
S0 as to compute the maximum probability word string for @&giacoustic waveform.
Fig. 9.3 shows the components of an HMM speech recognizepagdesses a single
utterance, indicating the computation of the prior andliili@d. The figure shows
the recognition process in three stages. Infé@ure extraction or signal processing
stage, the acoustic waveform is sampled ifteones (usually of 10, 15, or 20 mil-
liseconds) which are transformed indépectral features Each time window is thus
represented by a vector of around 39 features represehisggectral information as
well as information about energy and spectral change. S8gi@s an (unfortunately
brief) overview of the feature extraction process.
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In theacoustic modelingor phone recognitionstage, we compute the likelihood
of the observed spectral feature vectors given linguistitsywords, phones, subparts
of phones). For example, we use Gaussian Mixture Model (GlelsBsifiers to com-
pute for each HMM state, corresponding to a phone or subphone, the likelihood of
a given feature vector given this phopéo|q). A (simplified) way of thinking of the
output of this stage is as a sequence of probability vectors,for each time frame,
each vector at each time frame containing the likelihoodsehch phone or subphone
unit generated the acoustic feature vector observatidraatitne.

Finally, in thedecodingphase, we take the acoustic model (AM), which consists of
this sequence of acoustic likelihoods, plus an HMM dictigraf word pronunciations,
combined with the language model (LM) (generallyMugram grammar), and output
the most likely sequence of words. An HMM dictionary, as wé geée in Sec. 9.2, is a
list of word pronunciations, each pronunciation represeity a string of phones. Each
word can then be thought of as an HMM, where the phones (or time® subphones)
are states in the HMM, and the Gaussian likelihood estinsatopply the HMM output
likelihood function for each state. Most ASR systems useMiterbi algorithm for
decoding, speeding up the decoding with wide variety of &tjiglated augmentations
such as pruning, fast-match, and tree-structured lexicons

cepstral
feature
extraction

_.-PW)

M = — N
phone
likelihoods

N-gram
language
model

Viterbi Decoder

-~ if music be the food of love...

Figure 9.3  Schematic architecture for a (simplified) speech recogmeeoding a sin-
gle sentence. A real recognizer is more complex since vaukids of pruning and fast
matches are needed for efficiency. This architecture is fumigecoding; we also need a
separate architecture for training parameters.
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9.2 APPLYING THEHIDDEN MARKOV MODEL TO SPEECH

DIGIT RECOGNITION

Let’s turn now to how the HMM model is applied to speech redtign. We saw in
Ch. 6 that a Hidden Markov Model is characterized by the foitg components:

Q=0102...0n a set ofstates

A=ap1ap2...an1...a8nn  atransition probability matrix A, eacha;j rep-
resenting the probability of moving from state
to statej, s.t. 3]_ & =1 Vi

O =0107...05 a set ofobservations each one drawn from a vo-
cabularyy = vy, Vo, ..., W.
B="hi(o) A set of observation likelihoods; also called

emission probabilities each expressing the
probability of an observation; being generated
from a state.

do,9%end a speciabtart and end statewhich are not asso-
ciated with observations.

Furthermore, the chapter introduced tigerbi algorithm for decoding HMMs,
and theBaum-Welch or Forward-Backward algorithm for training HMMs.

All of these facets of the HMM paradigm play a crucial role iSR. We begin
here by discussing how the states, transitions, and oligmrsanap into the speech
recognition task. We will return to the ASR applications @Evbi decoding in Sec. 9.6.
The extensions to the Baum-Welch algorithms needed to déaspoken language are
covered in Sec. 9.4 and Sec. 9.7.

Recall the examples of HMMs we saw earlier in the book. In Chthg hid-
den states of the HMM were parts-of-speech, the obsensti@re words, and the
HMM decoding task mapped a sequence of words to a sequenegtsfqi-speech. In
Ch. 6, the hidden states of the HMM were weather, the obdenstvere ‘ice-cream
consumptions’, and the decoding task was to determine tlatheesequence from a
sequence of ice-cream consumption. For speech, the hidas sire phones, parts
of phones, or words, each observation is information albdweispectrum and energy
of the waveform at a point in time, and the decoding procegssntiais sequence of
acoustic information to phones and words.

The observation sequence for speech recognition is a segoéacoustic feature
vectors Each acoustic feature vector represents information as¢he amount of en-
ergy in different frequency bands at a particular pointrimeti We will return in Sec. 9.3
to the nature of these observations, but for now we’'ll simmaie that each observation
consists of a vector of 39 real-valued features indicatpertal information. Obser-
vations are generally drawn every 10 milliseconds, so 1lrsttobspeech requires 100
spectral feature vectors, each vector of length 39.

The hidden states of Hidden Markov Models can be used to nemksich in a
number of different ways. For small tasks, lid@git recognition, (the recognition of
the 10 digit wordszerothroughnine), or for yes-norecognition (recognition of the two
wordsyesandno), we could build an HMM whose states correspond to entiredaor
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BAKIS NETWORK

For most larger tasks, however, the hidden states of the Hléspond to phone-like
units, and words are sequences of these phone-like units.

Let's begin by describing an HMM model in which each state &M corre-
sponds to a single phone (if you've forgotten what a phongadyack and look again
at the definition in Ch. 7). In such a model, a word HMM thus ¢stisof a sequence
of HMM states concatenated together. Fig. 9.4 shows a sditeafdhe structure of a
basic phone-state HMM for the wosik.

Figure 9.4  An HMM for the wordsix, consisting of four emitting states and two non-
emitting states, the transition probabilities A, the oliadon probabilitieB, and a sample
observation sequence.

Note that only certain connections between phones exiggiroH. In the HMMs
described in Ch. 6, there were arbitrary transitions betw&ates; any state could
transition to any other. This was also in principle true @& HiMMs for part-of-speech
tagging in Ch. 5; although the probability of some tag tréoss was low, any tag
could in principle follow any other tag. Unlike in these oth#VIM applications, HMM
models for speech recognition usually do not allow arbjtteansitions. Instead, they
place strong constraints on transitions based on the stéglumature of speech. Except
in unusual cases, HMMs for speech don't allow transitionsifistates to go to earlier
states in the word; in other words, states can transitioheémselves or to successive
states. As we saw in Ch. 6, this kindleft-to-right HMM structure is called ®akis
network.

The most common model used for speech, illustrated in a giegbform in Fig. 9.4
is even more constrained, allowing a state to transitiog tmitself (self-loop) or to a
single succeeding state. The use of self-loops allows despigpne to repeat so as to
cover a variable amount of the acoustic input. Phone duratrary hugely, dependent
on the phone identify, the speaker’s rate of speech, thegiltorontext, and the level
of prosodic prominence of the word. Looking at the Switchido@orpus, the phone
[aa] varies in length from 7 to 387 milliseconds (1 to 40 frajpevhile the phone [z]
varies in duration from 7 milliseconds to more than 1.3 seéedi130 frames) in some
utterances! Self-loops thus allow a single state to be tegeaany times.

For very simple speech tasks (recognizing small numbersastisvsuch as the
10 digits), using an HMM state to represent a phone is suffici;n general LVCSR
tasks, however, a more fine-grained representation is s&ged his is because phones
can last over 1 second, i.e., over 100 frames, but the 100eBare not acoustically
identical. The spectral characteristics of a phone, anéduheunt of energy, vary dra-
matically across a phone. For example, recall from Ch. 7 ¢t consonants have
a closure portion, which has very little acoustic energilpfeed by a release burst.
Similarly, diphthongs are vowels whose F1 and F2 changefiigntly. Fig. 9.5 shows
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these large changes in spectral characteristics over tmeaich of the two phones in
the word “lke”, ARPAbet [ay k].

5000~

Frequency (Hz)

' 'M“Oq

0
0.48152 ay k 0.937203
Time (s)

Figure 9.5 The two phones of the word "Ike”, pronounced [ay k]. Note thatuous
changes in the [ay] vowel on the left, as F2 rises and F1 faiid, the sharp differences
between the silence and release parts of the [K] stop.

To capture this fact about the non-homogeneous nature afgshover time, in
LVCSR we generally model a phone with more than one HMM staéte most com-
mon configuration is to use three HMM states, a beginningdieichnd end state. Each
phone thus consists of 3 emitting HMM states instead of ohes(fvo non-emitting
MopEL  states at either end), as shown in Fig. 9.6. It is common &rveghe wordnodel or
pHonEmoDEL  phone modelto refer to the entire 5-state phone HMM, and use the viitiviM state
HMM STATE (or juststatefor short) to refer to each of the 3 individual subphone HMIskas.

Figure 9.6 A standard 5-state HMM model for a phone, consisting of tleestting
states (corresponding to the transition-in, steady staid,transition-out regions of the
phone) and two non-emitting states.

To build a HMM for an entire word using these more complex ghorodels, we
can simply replace each phone of the word model in Fig. 9.4 wiB-state phone
HMM. We replace the non-emitting start and end states foh gdmmne model with
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transitions directly to the emitting state of the precedind following phone, leaving
only two non-emitting states for the entire word. Fig. 9.@wh the expanded word.

Figure 9.7 A composite word model for “six”, [s ih k s], formed by conca&ting four
phone models, each with three emitting states.

In summary, an HMM model of speech recognition is paramsterby:

Q=0102...0n a set ofstatescorresponding tsubphones

A=ap1ag2...an1...a8nn  atransition probability matrix A, eacha;j rep-
resenting the probability for each subphone of
taking aself-loopor going to the next subphone.

B="hi(o) A set of observation likelihoods; also called
emission probabilities each expressing the
probability of a cepstral feature vector (observa-
tion o) being generated from subphone state

Another way of looking at thé probabilities and the stat€3is that together they
represent dexicon: a set of pronunciations for words, each pronunciation isting
of a set of subphones, with the order of the subphones sgkbifithe transition prob-
abilitiesA.

We have now covered the basic structure of HMM states foresepiting phones
and words in speech recognition. Later in this chapter wesei further augmenta-
tions of the HMM word model shown in Fig. 9.7, such as the usgiphone models
which make use of phone context, and the use of special phonssdel silence. First,
though, we need to turn to the next component of HMMs for sp&ecognition: the
observation likelihoods. And in order to discuss obseovalikelihoods, we first need
to introduce the actual acoustic observations: featurtovecAfter discussing these in
Sec. 9.3, we turn in Sec. 9.4 the acoustic model and detadbsrvation likelihood
computation. We then re-introduce Viterbi decoding andshow the acoustic model
and language model are combined to choose the best sentence.

9.3 FEATURE EXTRACTION: MFCC VECTORS

FEATURE VECTORS

MFCC
MEL FREQUENCY

COEFFICIENTS
CEPSTRUM

Our goal in this section is to describe how we transform tipeiinvaveform into a se-
gquence of acoustieature vectors each vector representing the information in a small
time window of the signal. While there are many possible daakure representations,
by far the most common in speech recognition isfeCC, themel frequency cep-
stral coefficients These are based on the important idea ofaestrum. We will
give a relatively high-level description of the process xif&ction of MFCCs from a
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Figure 9.8  Extracting a sequence of 39-dimensional MFCC feature vedtom a quantized digitized wave-
form

SAMPLING

SAMPLING RATE

NYQUIST
FREQUENCY

TELEPHONE-
BANDWIDTH

WIDEBAND

QUANTIZATION

waveform; we strongly encourage students interested iremetail to follow up with
a speech signal processing course.

We begin by repeating from Se®@? the process of digitizing and quantizing an
analog speech waveform. Recall that the first step in proggspeech is to convert
the analog representations (first air pressure, and thdogakectric signals in a mi-
crophone), into a digital signal. This processaoflog-to-digital conversionhas two
steps: sampling and quantization. A signal is sampled by measuring its amplitude
at a particular time; theampling rate is the number of samples taken per second. In
order to accurately measure a wave, it is necessary to hésasatwo samples in each
cycle: one measuring the positive part of the wave and onsunieg the negative part.
More than two samples per cycle increases the amplitudeacygbut less than two
samples will cause the frequency of the wave to be completaged. Thus the maxi-
mum frequency wave that can be measured is one whose fregisdmalf the sample
rate (since every cycle needs two samples). This maximuguénecy for a given sam-
pling rate is called thé&yquist frequency. Most information in human speech is in
frequencies below 10,000 Hz; thus a 20,000 Hz sampling ratddibe necessary for
complete accuracy. But telephone speech is filtered by thieling network, and only
frequencies less than 4,000 Hz are transmitted by teleghdreis an 8,000 Hz sam-
pling rate is sufficient fotelephone-bandwidthspeech like the Switchboard corpus.
A 16,000 Hz sampling rate (sometimes caNeideband) is often used for microphone
speech.

Even an 8,000 Hz sampling rate requires 8000 amplitude memsunts for each
second of speech, and so it is important to store the amplinehsurement efficiently.
They are usually stored as integers, either 8-bit (valuma f128—127) or 16 bit (values
from -32768-32767). This process of representing realecahumbers as integers is
calledquantization because there is a minimum granularity (the quantum siztafn
values which are closer together than this quantum sizeespresented identically.

We refer to each sample in the digitized quantized wavefaxrd, wheren is
an index over time. Now that we have a digitized, quantizeaesentation of the
waveform, we are ready to extract MFCC features. The seems sif this process are
shown in Fig. 9.8 and individually described in each of théfeing sections.

9.3.1 Preemphasis

The first stage in MFCC feature extraction is to boost the arhofienergy in the
high frequencies. It turns out that if we look at the spectfanmvoiced segments like
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vowels, there is more energy at the lower frequencies thahitther frequencies. This
drop in energy across frequencies (which is cadlpectral tilt) is caused by the nature
of the glottal pulse. Boosting the high frequency energy@sakformation from these
higher formants more available to the acoustic model andorgs phone detection
accuracy.
This preemphasis is done by using a fittEig. 9.9 shows an example of a spectral

slice from the first author’'s pronunciation of the single @b\Jaa] before and after
preemphasis.

204 20

essure level (dB/ Hz)
°

Sound pressure level (dB/ Hz)

Sound pre

-0 —40-
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Figure 9.9 A spectral slice from the vowel [aa] before (a) and after (@gmphasis.

9.3.2 Windowing

Recall that the goal of feature extraction is to provide sjaédeatures that can help
us build phone or subphone classifiers. We therefore domit weeextract our spectral
features from an entire utterance or conversation, bedhesgpectrum changes very
quickly. Technically, we say that speech is@n-stationary signal, meaning that its
statistical properties are not constant across time. ddst®@e want to extract spectral
features from a smallvindow of speech that characterizes a particular subphone and
for which we can make the (rough) assumption that the signsthtionary (i.e. its
statistical properties are constant within this region).

We'll do this by using a window which is non-zero inside soragion and zero
elsewhere, running this window across the speech signdiesnacting the waveform
inside this window.

We can characterize such a windowing process by three ptgsnéowwide is
the window (in milliseconds), what is tleéfsetbetween successive windows, and what
is theshapeof the window. We call the speech extracted from each windérarae,
and we call the number of milliseconds in the framefitagne sizeand the number of
milliseconds between the left edges of successive windoafsame shift.

The extraction of the signal takes place by multiplying tladue of the signal at

1 For students who have had signal processing: this preernsgiites is a first-order high-pass filter. In the
time domain, with inpuk[n] and 09 < a < 1.0, the filter equation ig[n] = x[n] — ax[n—1].
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Figure 9.10 The windowing process, showing the frame shift and frame, sigsuming
a frame shift of 10ms, a frame size of 25 ms, and a rectangutatomw. After a figure by
Bryan Pellom.

time n, g[n], with the value of the window at time, wn|:

Figure 9.10 suggests that these window shapes are recéangjote the extracted
windowed signal looks just like the original signal. Indebd simplest window is the
rectangular window. The rectangular window can cause problems, howbeeause
it abruptly cuts of the signal at its boundaries. These disnaities create problems
when we do Fourier analysis. For this reason, a more commdiom used in MFCC
extraction is theHamming window, which shrinks the values of the signal toward
zero at the window boundaries, avoiding discontinuitieg. .11 shows both of these
windows; the equations are as follows (assuming a windotishaframes long):

1 0<n<L-1
rectangular  wWn] = { 0 otherwise
_ _ [ 054-046c0¢2™) 0<n<L-1
hamming wn = { 0 otherwise

9.3.3 Discrete Fourier Transform

The next step is to extract spectral information for our vewedd signal; we need to
know how much energy the signal contains at different fregydands. The tool for
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Figure 9.11 Windowing a portion of a pure sine wave with the rectangutad Blam-
ming windows.

extracting spectral information for discrete frequencpdmfor a discrete-time (sam-
pled) signal is th®iscrete Fourier Transform or DFT.

The input to the DFT is a windowed signdh]...x[m], and the output, for each of
N discrete frequency bands, is a complex nunijét representing the magnitude and
phase of that frequency component in the original signalwdfplot the magnitude
against the frequency, we can visualize spectrumthat we introduced in Ch. 7. For
example, Fig. 9.12 shows a 25 ms Hamming-windowed portioa efgnal and its
spectrum as computed by a DFT (with some additional smog}hin

We will not introduce the mathematical details of the DFTeh@xcept to note that
Fourier analysis in general relies &uler’s formula:

el® = cosh + jsind

As a brief reminder for those students who have already lggréhsprocessing, the DFT
is defined as follows:

N-1

X[k = Zox[n]efizﬁk“

A commonly used algorithm for computing the DFT is the Haest Fourier Trans-
form or FFT. This implementation of the DFT is very efficient, but only nke for
values of N which are powers of two.
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Figure 9.12  (a) A 25 ms Hamming-windowed portion of a signal from the vbiixg
and (b) its spectrum computed by a DFT.
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9.3.4 Melfilter bank and log

The results of the FFT will be information about the amounenérgy at each fre-
quency band. Human hearing, however, is not equally seesitiall frequency bands.
It is less sensitive at higher frequencies, roughly abov@19ertz. It turns out that
modeling this property of human hearing during featureamtion improves speech
recognition performance. The form of the model used in MF@&Qs warp the fre-
quencies output by the DFT onto theel scale mentioned in Ch. 7. &el (Stevens
et al., 1937; Stevens and Volkmann, 1940) is a unit of pitdindd so that pairs of
sounds which are perceptually equidistant in pitch arersépa by an equal number of
mels. The mapping between frequency in Hertz and the med sséhear below 1000
Hz and the logarithmic above 1000 Hz. The mel frequemayan be computed from
the raw acoustic frequency as follows:

f
700

During MFCC computation, this intuition is implemented rgating a bank of fil-
ters which collect energy from each frequency band, with l1€r§i spaced linearly be-
low 1000 Hz, and the remaining filters spread logarithmycaliove 1000 Hz. Fig. 9.13
shows the bank of triangular filters that implement this idea

Finally, we take the log of each of the mel spectrum valuegeneral the human
response to signal level is logarithmic; humans are lessitdento slight differences
in amplitude at high amplitudes than at low amplitudes. Idigain, using a log makes
the feature estimates less sensitive to variations in iffpuexample power variations
due to the speaker’s mouth moving closer or further from tiaphone).

mel(f) =1127In1+

9.3.5 The Cepstrum: Inverse Discrete Fourier Transform

While it would be possible to use the mel spectrum by itsel &eature representation
for phone detection, the spectrum also has some problems a4l see. For this rea-
son, the next step in MFCC feature extraction is the comjmutaf thecepstrum. The
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Figure 9.13  The Mel filter bank, after Davis and Mermelstein (1980). Ea@mgular
filter collects energy from a given frequency range. Filsesspaced linearly below 1000
Hz, and logarithmically above 1000 Hz.

cepstrum has a number of useful processing advantagessansighificantly improves
phone recognition performance.

One way to think about the cepstrum is as a useful way of sépgrne source
andfilter. Recall from Sec?? that the speech waveform is created when a glottal
source waveform of a particular fundamental frequency ssed through the vocal
tract, which because of its shape has a particular filterlmyacteristic. But many
characteristics of the glottaburce(its fundamental frequency, the details of the glottal
pulse, etc) are not important for distinguishing differphibnes. Instead, the most
useful information for phone detection is tfiker, i.e. the exact position of the vocal
tract. If we knew the shape of the vocal tract, we would knoviclviphone was being
produced. This suggests that useful features for phoneta®ievould find a way to
deconvolve (separate) the source and filter and show us lbalydcal tract filter. It
turns out that the cepstrum is one way to do this.

14
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Figure 9.14 PLACEHOLDER FIGURE. The magnitude spectrum (a), the log mitage spectrum (b), and

the cepstrum (c). From Taylor (2008). The two spectra haveaothed spectral enveloped laid on top of them to

help visualize the spectrum.

For simplicity, let's ignore the pre-emphasis and mel-irsggghat are part of the
definition of MFCCs, and look just at the basic definition of ttepstrum. The cep-
strum can be thought of as tlspectrum of the log of the spectrumhis may sound
confusing. But let's begin with the easy part: thg of the spectrumThat is, the cep-
strum begins with a standard magnitude spectrum, such asér a vowel shown
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(9.15)

in Fig. 9.14(a) from Taylor (2008). We then take the log, replace each amplitude
value in the magnitude spectrum with its log, as shown in Gigj4(b).

The next step is to visualize the log spectragif itself were a wavefornin other
words, consider the log spectrum in Fig. 9.14(b). Let's imagemoving the axis
labels that tell us that this is a spectrum (frequency on thgig) and imagine that we
are dealing with just a normal speech signal with time on ta&is. Now what can we
say about the spectrum of this ‘pseudo-signal’? Notice tihate is a high-frequency
repetitive component in this wave: small waves that repleatis8 times in each 1000
along the x-axis, for a frequency of about 120 Hz. This higdgfiency component is
caused by the fundamental frequency of the signal, andseptgthe little peaks in the
spectrum at each harmonic of the signal. In addition, thexesame lower frequency
components in this ‘pseudo-signal’; for example the erpelor formant structure has
about four large peaks in the window, for a much lower freqyen

Fig. 9.14(c) shows theepstrum: the spectrum that we have been describing of
the log spectrum. This cepstrum (the warepstrum is formed by reversing the first
letters ofspectrum) is shown withsamplesalong the x-axis. This is because by taking
the spectrum of the log spectrum, we have left the frequenayaih of the spectrum,
and gone back to the time domain. It turns out that the comeitbf a cepstrum is the
sample.

Examining this cepstrum, we see that there is indeed a laegk pround 120,
corresponding to the FO and representing the glottal pulseere are other various
components at lower values on the x-axis. These representoital tract filter (the
position of the tongue and the other articulators). Thuseifare interested in detecting
phones, we can make use of just the lower cepstral values.e lane interested in
detecting pitch, we can use the higher cepstral values.

For the purposes of MFCC extraction, we generally just taleefirst 12 cepstral
values. These 12 coefficients will represent informatiolelgcabout the vocal tract
filter, cleanly separated from information about the glattaurce.

It turns out that cepstral coefficients have the extremebfulgroperty that the
variance of the different coefficients tends to be uncoteelaThis is not true for the
spectrum, where spectral coefficients at different freqgudrands are correlated. The
fact that cepstral features are uncorrelated means, asliewin the next section, that
the Gaussian acoustic model (the Gaussian Mixture Modé&b\k) doesn’t have to
represent the covariance between all the MFCC featuregshwhigely reduces the
number of parameters.

For those who have had signal processing, the cepstrum esfawnally defined as
theinverse DFT of the log magnitude of the DFT of a signglhence for a windowed
frame of speech(n:

) J%{fkn

The extraction of the cepstrum via the Inverse DFT from thevious section results
in 12 cepstral coefficients for each frame. We next add aetiirth feature: the energy

e JWkn

_jZ?og(

9.3.6 Deltas and Energy
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from the frame. Energy correlates with phone identity ant souseful cue for phone
detection (vowels and sibilants have more energy than stips Theenergyin a
frame is the sum over time of the power of the samples in thadrdhus for a signat
in a window from time samplg to time sampléy, the energy is:

o

Energy= S *?[t]
I;l

Another important fact about the speech signal is that ibisconstant from frame
to frame. This change, such as the slope of a formant at itsitians, or the nature
of the change from a stop closure to stop burst, can provideeéulicue for phone
identity. For this reason we also add features related tahhege in cepstral features
over time.

We do this by adding for each of the 13 features (12 cepstedlifes plus en-
ergy) adelta or velocity feature, and @ouble deltaor accelerationfeature. Each of
the 13 delta features represents the change between frarttes ¢orresponding cep-
stral/energy feature, while each of the 13 double deltaifeatrepresents the change
between frames in the corresponding delta features.

A simple way to compute deltas would be just to compute thiedihce between
frames; thus the delta valut) for a particular cepstral valugt) at timet can be
estimated as:

d(t) = c(t+1);c(t—1)

Instead of this simple estimate, however, it is more commanadke more sophis-
ticated estimates of the slope, using a wider context of éiam

9.3.7 Summary: MFCC

After adding energy, and then delta and double-delta featiorthe 12 cepstral features,
we end up with 39 MFCC features:

12 cepstral coefficients

12 delta cepstral coefficients

12 double delta cepstral coefficients
1 energy coefficient

1 delta energy coefficient

1 double delta energy coefficient
39 MFCC features

Again, one of the most useful facts about MFCC features isttigacepstral coef-
ficients tend to be uncorrelated, which will turn out to make acoustic model much
simpler.
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9.4 (COMPUTING ACOUSTICLIKELIHOODS

VECTOR
QUANTIZATION
el

CODEBOOK
PROTOTYPE VECTOR
CODEWORD

CLUSTERING

The last section showed how we can extract MFCC featuressepting spectral infor-
mation from a wavefile, and produce a 39-dimensional veateryel0 milliseconds.
We are now ready to see how to compute the likelihood of thegeife vectors given
an HMM state. Recall from Ch. 6 that this output likelihoodcemputed by the8
probability function of the HMM. Given an individual statg and an observatiog,
the observation likelihoods iB matrix gave ugp(o:|qi), which we called (i).

For part-of-speech tagging in Ch. 5, each observatiois a discrete symbol (a
word) and we can compute the likelihood of an observatiorm# part-of-speech tag
just by counting the number of times a given tag generategemgibservation in the
training set. But for speech recognition, MFCC vectors add-valued numbers; we
can’t compute the likelihood of a given state (phone) getiregaan MFCC vector by
counting the number of times each such vector occurs (siacke ene is likely to be
unique).

In both decoding and training, we need an observation hikeld function that can
computep(o|qi) on real-valued observations. In decoding, we are given aarehtion
o; and we need to produce the probabilige; g ) for each possible HMM state, so we
can choose the most likely sequence of states. Once we hawdtervation likelihood
B function, we need to figure out how to modify the Baum-Weldjoaithm of Ch. 6
to train it as part of training HMMs.

9.4.1 \ector Quantization

One way to make MFCC vectors look like symbols that we coulgntas to build a
mapping function that maps each input vector into one of dismeber of symbols.
Then we could just compute probabilities on these symbolsdunting, just as we
did for words in part-of-speech tagging. This idea of mappinput vectors to discrete
quantized symbols is callagctor quantization or VQ (Gray, 1984). Although vector
quantization is too simple to act as the acoustic model inanodVCSR systems, it is
a useful pedagogical step, and plays an important role iowsiareas of ASR, so we
use it to begin our discussion of acoustic modeling.

In vector quantization, we create the small symbol set bypimgpeach training
feature vector into a small number of classes, and then wesept each class by a
discrete symbol. More formally, a vector quantization sgstis characterized by a
codebook aclustering algorithm, and adistance metric

A codebookis a list of possible classes, a set of symbols constitutivacabulary

V = {vi,Vz,...,vn}. For each symboly in the codebook we list arototype vector,

also known as aodeword, which is a specific feature vector. For example if we choose
to use 256 codewords we could represent each vector by afvalued to 255; (this
is referred to as 8-bit VQ, since we can represent each vbgtarsingle 8-bit value).
Each of these 256 values would be associated with a protéégbere vector.

The codebook is created by usinglastering algorithm to cluster all the feature
vectors in the training set into the 256 classes. Then weechaspresentative feature
vector from the cluster, and make it the prototype vectoraategvord for that cluster.
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K-means clusteringis often used, but we won'’t define clustering here; see Hutalg e
(2001) or Duda et al. (2000) for detailed descriptions.

Once we've built the codebook, for each incoming featurdoreee compare it to
each of the 256 prototype vectors, select the one which sestaby somelistance
metric), and replace the input vector by the index of this prototygetor. A schematic
of this process is shown in Fig. 9.15.

The advantage of VQ is that since there are a finite numbeae$ek, for each class
Vi, We can compute the probability that it is generated by agfiielM state/sub-phone
by simply counting the number of times it occurs in some fragrset when labeled by
that state, and normalizing.

Codebook of 256

(T 1
2
(MM 3
Input Feature Vector 4
(AT
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144 | 44
Compare to Codebook MMM -
p Ofutt)put index
I ©* oest vector
(T

Figure 9.15 Schematic architecture of the (trained) vector quantrma{V Q) process
for choosing a symbolq for each input feature vector. The vector is compared to each
codeword in the codebook, the closest entry (by some distaratric) is selected, and th
index of the closest codeword is output.

%

Both the clustering process and the decoding process eequiistance metric
or distortion metric, that specifies how similar two acoustic feature @esctre. The
distance metric is used to build clusters, to find a prototygsor for each cluster, and
to compare incoming vectors to the prototypes.

The simplest distance metric for acoustic feature vecwEuclidean distance
Euclidean distance is the distance in N-dimensional spateden the two points de-
fined by the two vectors. In practice we use the phrase ‘Eeahdlistance’ even though
we actually often use the square of the Euclidean distankas given a vectox and
a vectory of length D, the (square of the) Euclidean distance betwleemtis defined
as:

D
deyclidea®y) = _Z(Xi -yi)?
=
The (squared) Euclidean distance described in (9.18) (aodrs for two dimen-
sionsin Fig. 9.16) is also referred to as the sum-squared arrd can also be expressed
using the vector transpose operator as:



22

Chapter 9. Automatic Speech Recognition

(9.19)

MAHALANOBIS
DISTANCE

(9.20)

(9.21)
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Figure 9.16 Euclidean distance in two dimensions; by the Pythagoreaorém,
the distance between two points in a plaxe= (x1,yl) andy = (x2,y2) d(x,y) =
Vxa—x2)? + (y1 —¥2)2.

The Euclidean distance metric assumes that each of the diamenof a feature
vector are equally important. But actually each of the disi@ms have very different
variances. If a dimension tends to have a lot of variance) the'd like it to count
less in the distance metric; a large difference in a dimensith low variance should
count more than a large difference in a dimension with higiange. A slightly more
complex distance metric, tHdahalanobis distance takes into account the different
variances of each of the dimensions.

If we assume that each dimensibaf the acoustic feature vectors has a variance
o, then the Mahalanobis distance is:

D

(% —yi)?
d i&Y) =
mahalanobig i; 02
For those readers with more background in linear algebraih#re general form
of Mahalanobis distance, which includes a full covarian@grin (covariance matrices
will be defined below):

dmahalanobigsy) = (X=Y)TZ H(x—y)

In summary, when decoding a speech signal, to compute arstictkelihood of
a feature vectoo; given an HMM statey; using VQ, we compute the Euclidean or
Mahalanobis distance between the feature vector and edbb df codewords, choose
the closest codeword, getting the codeword indexVe then look up the likelihood of
the codeword indey, given the HMM statg in the pre-computeB likelihood matrix
defined by the HMM:
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(9.23)

(9.24)

(9.25)

6,- (or) = bj(v) s.t. v is codeword of closest vector tp

Since VQ is so rarely used, we don’t use up space here giviegduations for
modifying the EM algorithm to deal with VQ data; instead, wefat discussion of
EM training of continuous input parameters to the next sectivhen we introduce
Gaussians.

9.4.2 Gaussian PDFs

Vector quantization has the advantage of being extremslytsecompute and requires
very little storage. Despite these advantages, vectortipadion turns out not to be a
good model of speech. A small number of codewords is insaffidb capture the wide
variability in the speech signal. Speech is simply not agm@teal, symbolic process.

Modern speech recognition algorithms therefore do not estov quantization to
compute acoustic likelihoods. Instead, they are based mpuating observation prob-
abilities directly on the real-valued, continuous inpudtfee vector. These acoustic
models are based on computingmbability density function or pdf over a contin-
uous space. By far the most common method for computing &icdikelihoods is
the Gaussian Mixture Model (GMM ) pdfs, although neural networks, support vector
machines (SVMs) and conditional random fields (CRFs) are@sd.

Let's begin with the simplest use of Gaussian probabilitinestors, slowly build-
ing up the more sophisticated models that are used.

Univariate Gaussians

The Gaussiandistribution, also known as theormal distribution , is the bell-curve
function familiar from basic statistics. A Gaussian disiition is a function parame-
terized by anean or average value, andvariance, which characterizes the average
spread or dispersal from the mean. We will yséo indicate the mean, and? to
indicate the variance, giving the following formula for au@aian function:

2

1 (X—H)
f(X|u,0) = ——=exp—
( “‘lv ) /—27_[0_2 q 20—2 )
Recall from basic statistics that the mean of a random vigriglis the expected
value ofX. For a discrete variabl¥, this is the weighted sum over the values<offor
a continuous variable, it is the integral):

N
H=E(X) :_;p(mm

The variance of a random variabke is the weigthed squared average deviation
from the mean:

N
0° =EX~E())*= 5 pX)(§ ~E(X))*

When a Gaussian function is used as a probability densitstiom, the area under
the curve is constrained to be equal to one. Then the pratyahiht a random variable
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Figure 9.17  Gaussian functions with different means and variances.

takes on any particular range of values can be computed bynswgrthe area under
the curve for that range of values. Fig. 9.18 shows the piitityedxpressed by the area
under an interval of a Gaussian.
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Figure 9.18 A Gaussian probability density function, showing a regiamf O to 1 with
a total probability of .341. Thus for this sample Gaussiae, firobability that a value on
the X axis lies between 0 and 1 is .341.
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(9.27)
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(9.29)

(9.30)

We can use a univariate Gaussian pdf to estimate the pritpahat a particular
HMM state j generates the value of a single dimension of a feature vbgtassuming
that the possible values of (this one dimension of the) alasien feature vectos; are
normally distributed. In other words we represent the oketérn likelihood function
bj (o) for one dimension of the acoustic vector as a Gaussian. akinthe moment,
our observation as a single real valued number (a singldére¢fsature), and assuming
that each HMM statg has associated with it a mean valugand variances?, we
compute the likelihoot;(or) via the equation for a Gaussian pdf:

bj(or) =

2

1 exp<— (o I;J) )
\/2mo? 20;

Equation (9.26) shows us how to compinéo; ), the likelihood of an individual
acoustic observation given a single univariate Gauss@n &tatej with its mean and
variance. We can now use this probability in HMM decoding.

But first we need to solve the training problem; how do we cotathis mean and
variance of the Gaussian for each HMM stgt@ Let’s start by imagining the simpler
situation of a completely labeled training set, in whichleacoustic observation was
labeled with the HMM state that produced it. In such a trairéet, we could compute
the mean of each state by just taking the average of the vBduescho; that corre-
sponded to state as show in (9.27). The variance could just be computed fiwn t
sum-squared error between each observation and the mesmwas in (9.28).

1 T
b = = Ziot s.t.q is statel

TZ
. 14 . .
67 = = (0 — phi)? s.t. q is statel

t=

But since states are hidden in an HMM, we don’t know exactlycllobservation
vectoro; was produced by which state. What we would like to do is assaph ob-
servation vectoo to every possible staig prorated by the probability that the HMM
was in state at timet. Luckily, we already know how to do this prorating; the prob-
ability of being in stateé at timet was defined in Ch. 6 a&(i), and we saw how to
computeé; (i) as part of the Baum-Welch algorithm using the forward anckbacd
probabilities. Baum-Welch is an iterative algorithm, anel will need to do the prob-
ability computation of; (i) iteratively since getting a better observation probabbit
will also help us be more sure of the probabilityof being in a state at a certain time.

Thus we give equations for computing an updated mean ananesiji ando:

g = deél)o

D Y0
52 Y1 &(i)(o — )2
! S &)

Equations (9.29) and (9.30) are then used in the forwaréveaa (Baum-Welch)training
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(9.31)

(9.32)

(9.33)

DIAGONAL

of the HMM. As we will see, the values pf andg; are first set to some initial estimate,
which is then re-estimated until the numbers converge.

Multivariate Gaussians

Equation (9.26) shows how to use a Gaussian to compute astactkelihood for a
single cepstral feature. Since an acoustic observatiowvéstr of 39 features, we'll
need to use a multivariate Gaussian, which allows us to mssjgrobability to a 39-
valued vector. Where a univariate Gaussian is defined by ameand a variance
02, a multivariate Gaussian is defined by a mean veftaf dimensionality D and

a covariance matrix, defined below. As we discussed in the previous section, for a
typical cepstral feature vector in LVCSR, D is 39:

F(RL) = —1<x—u>Tzl<x—u>)

>
—=——exp
(2m)2|5|2 2

The covariance matriX captures the variance of each dimension as well as the
covariance between any two dimensions.

Recall again from basic statistics that the covariance of tmndom variableX
andyY is the expected value of the product of their average dewviatirom the mean:

N
Z=E[X-EX)(Y-E(Y)]) = ;p(XiYi)(N —EX)(Yi—E(Y))

Thus for a given HMM state with mean vectpy and covariance matriX;, and a
given observation vectay, the multivariate Gaussian probability estimate is:

. _# _1' —uN's Yo — u:
b,(ot)—(ZH)%|z|%exp< 50— ) 2 (o u1)>

The covariance matriX; expresses the variance between each pair of feature di-
mensions. Suppose we made the simplifying assumption eélatifes in different di-
mensions did not covary, i.e., that there was no correldietwveen the variances of
different dimensions of the feature vector. In this casecaeld simply keep a dis-
tinct variance for each feature dimension. It turns out Ke@fping a separate variance
for each dimension is equivalent to having a covarianceirmttat is diagonal, i.e.
non-zero elements only appear along the main diagonal ofngteix. The main di-
agonal of such a diagonal covariance matrix contains thiavees of each dimension,
0%,02,...03;

Let's look at some illustrations of multivariate Gaussigiogusing on the role of
the full versus diagonal covariance matrix. We'll explorsimple multivariate Gaus-
sian with only 2 dimensions, rather than the 39 that are afjicASR. Fig. 9.19 shows
three different multivariate Gaussians in two dimensiofke leftmost figure shows
a Gaussian with a diagonal covariance matrix, in which thiéawaes of the two di-
mensions are equal. Fig. 9.20 shows 3 contour plots comelsipgto the Gaussians in
Fig. 9.19; each is a slice through the Gaussian. The leftgragth in Fig. 9.20 shows
a slice through the diagonal equal-variance Gaussian. [ideeis circular, since the
variances are equal in both the X and Y directions.
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(a) (b) (©)

Figure 9.19 Three different multivariate Gaussians in two dimension$he first
two have diagonal covariance matrices, one with equal negidan the two dimensions

{é ﬂ the second with different variances in the two dimensi({ng (2)} and the

third with non-zero elements in the off-diagonal of the atavace matrix:{ }3 '1 } .

The middle figure in Fig. 9.19 shows a Gaussian with a diagomadriance matrix,
but where the variances are not equal. It is clear from thigéigand especially from
the contour slice show in Fig. 9.20, that the variance is rifzaia 3 times greater in one
dimension than the other.

| 2 2
pt 3 1
o o o

4 - -

= -2 2

o

@) (b) (c)

Figure 9.20 The same three multivariate Gaussians as in the previouzfifuom left
to right, a diagonal covariance matrix with equal varianitagonal with unequal variance
and and nondiagonal covariance. With non-diagonal cavegiaknowing the value on
dimension X tells you something about the value on dimen¥ion

The rightmost graph in Fig. 9.19 and Fig. 9.20 shows a Gawssith a non-
diagonal covariance matrix. Notice in the contour plot ig.M.20 that the contour
is not lined up with the two axes, as it is in the other two pl&scause of this, know-
ing the value in one dimension can help in predicting theeaiithe other dimension.
Thus having a non-diagonal covariance matrix allows us tdehecorrelations between
the values of the features in multiple dimensions.

A Gaussian with a full covariance matrix is thus a more powlerfodel of acoustic
likelihood than one with a diagonal covariance matrix. Andeed, speech recognition
performance is better using full-covariance Gaussians diegonal-covariance Gaus-
sians. But there are two problems with full-covariance Gaus that makes them
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(9.34)

(9.35)

(9.36)

GAUSSIAN MIXTURE
MODEL

GMM

(9.37)

difficult to use in practice. First, they are slow to compufefull covariance matrix
hasD? parameters, where a diagonal covariance matrix has@niyhis turns out to
make a large difference in speed in real ASR systems. Seaduoli covariance matrix
has many more parameters and hence requires much more traia than a diagonal
covariance matrix. Using a diagonal covariance model meansan save room for
using our parameters for other things like triphones (cardependent phones) to be
introduced in Sec??.

For this reason, in practice most ASR systems use diagoralience. We will
assume diagonal covariance for the remainder of this sectio

Equation (9.33) can thus be simplified to the version in (Pu84vhich instead of a
covariance matrix, we simply keep a mean and variance fdr éamsension. Equation
(9.34) thus describes how to estimate the likelihbp@) of a D-dimensional feature
vectoro; given HMM statej, using a diagonal-covariance multivariate Gaussian.

J_l 1/27102 exp< Tjg?

Training a diagonal-covariance multivariate Gaussiansergle generalization of
training univariate Gaussians. We’'ll do the same Baum-Waiining, where we use
the value ofé& (i) to tell us the likelihood of being in staieat timet. Indeed, we’ll
use exactly the same equation as in (9.30), except that ncavendealing with vectors
instead of scalars; the observatians a vector of cepstral features, the mean vector

[l is a vector of cepstral means, and the variance veaq?o'rs a vector of cepstral
variances.

g = 2e&l)o
D M X()

52 _ 2k —pm)(o— )"
| Se1&()

Gaussian Mixture Models

The previous subsection showed that we can use a multigdbiatissian model to as-
sign a likelihood score to an acoustic feature vector oladEm. This models each
dimension of the feature vector as a normal distributiont ®particular cepstral fea-
ture might have a very non-normal distribution; the assuompdf a normal distribu-
tion may be too strong an assumption. For this reason, wa oftelel the observation
likelihood not with a single multivariate Gaussian, butwatweighted mixture of mul-
tivariate Gaussians. Such a model is calle@aussian Mixture Model or GMM .
Equation (9.37) shows the equation for the GMM function;résulting function is the
sum ofM Gaussians. Fig. 9.21 shows an intuition of how a mixture aiss&ans can
model arbitrary functions.

f(xu,z) = z < |Zk expl(x— k) "= (x— k)]
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(9.38)

(9.39)

(9.40)

(9.41)

Figure 9.21  An arbitrary function approximated by a mixture of 3 gaussia

Equation (9.38) shows the definition of the output likeliddanctionb; (o)

o 1 Ts-1
bJ (Ot) rrglqm \/mexq(x “Jm) ij (Ot UJm)]

Let's turn to training the GMM likelihood function. This magem hard to do; how
can we train a GMM model if we don’t know in advance which mietis supposed to
account for which part of each distribution? Recall thatrgks multivariate Gaussian
could be trained even if we didn’t know which state accourfite@ach output, simply
by using the Baum-Welch algorithm to tell us the likelihoddeing in each stat¢ at
timet. It turns out the same trick will work for GMMs; we can use Badfelch to tell
us the probability of a certain mixture accounting for thes@lvation, and iteratively
update this probability.

We used the& function above to help us compute the state probability. E3la@gy
with this function, let's definé;m(]) to mean the probability of being in statat time
t with the mth mixture component accounting for the output observationWe can
computeéim(j) as follows:

Eunl]) = Zi1Nat1(j()xiij(<;j;wbjm(0t)ﬁt(j)

Now if we had the values of from a previous iteration of Baum-Welch, we can
useéim(j) to recompute the mean, mixture weight, and covariance ukmpllowing
equations:

po — _Jcaém(o
Y13 hea &m(i)
S &m(i)

A 0
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(9.42)

LOGPROB

(9.43)

(9.44)

(9.45)

(9.46)

s I 1600 Him) (0~ Him) "
S S &m(i)

9.4.3 Probabilities, log probabilities and distance funabns

Up to now, all the equations we have given for acoustic moddtiave used probabil-
ities. It turns out, however, thatlag probability (or logprob) is much easier to work
with than a probability. Thus in practice throughout sperssdognition (and related
fields) we compute log-probabilities rather than prob&bdi

One major reason that we can’t use probabilities is numerdetflow. To com-
pute a likelihood for a whole sentence, say, we are multigiyinany small prob-
ability values, one for each 10ms frame. Multiplying manplmabilities results in
smaller and smaller numbers, leading to underflow. The log sinall number like
.0000000%= 108, on the other hand, is a nice easy-to-work-with-number-ilge A
second reason to use log probabilities is computationadspkstead of multiplying
probabilities, we add log-probabilities, and adding istdagshan multiplying. Log-
probabilities are particularly efficient when we are usinguSsian models, since we
can avoid exponentiating.

Thus for example for a single multivariate diagonal-coaace Gaussian model,
instead of computing:

o) = D1 exp(_}(otd—lljd)2>
(!:ll \ /27'[01-2d 2 szd
we would compute

D

logbj (o) =3 > (Qa— o) _“jd)zl

[Iog(Zn) + on + g
jd
With some rearrangement of terms, we can rewrite this egu#di pull out a constant
Cs
logbj (o) =C— = dz 2“ io)°
04
where C can be precomputed:

C= 1g log(2 2
__Egl(Og( m+0jy)

In summary, computing acoustic models in log domain meansarsimpler com-
putation, much of which can be precomputed for speed.

The perceptive reader may have noticed that equation (f2dk3 very much like
the equation for Mahalanobis distance (9.20). Indeed, aetavthink about Gaussian
logprobs is as just a weighted distance metric.

A further point about Gaussian pdfs, for those readers vatbutus. Although the
equations for observation likelihood such as (9.26) aravatad by the use of Gaus-
sian probability density functions, the values they reforrthe observation likelihood,
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bj (o), are not technically probabilities; they may in fact be geeghan one. This is
because we are computing the valudq(io) at a single point, rather than integrating
over a region. While the total area under the Gaussian PDFgsiconstrained to one,
the actual value at any point could be greater than one. (magvery tall skinny
Gaussian; the value could be greater than one at the celtherygh the area under the
curve is still 1.0). If we were integrating over a region, weukd be multiplying each
point by its widthdx, which would bring the value down below one. The fact that the
Gaussian estimate is not a true probability doesn’t mattectioosing the most likely
HMM state, since we are comparing different Gaussians, ebefich is missing this

dx factor.

In summary, the last few subsections introduced Gaussiaelsfor acoustic train-
ing in speech recognition. Beginning with simple univagi@aussian, we extended
first to multivariate Gaussians to deal with the multidinienality acoustic feature
vectors. We then introduced the diagonal covariance sfitgion of Gaussians, and
then introduced Gaussians mixtures (GMMSs).

9.5 THE LEXICON AND LANGUAGE MODEL

Since previous chapters had extensive discussions dfgram language model (Ch. 4)
and the pronunciation lexicon (Ch. 7), in this section we prgfly recall them to the
reader.

Language models for LVCSR tend to be trigrams or even foangrgood toolkits
are available to build and manipulate them (Stolcke, 2002n9 et al., 2005). Bigrams
and unigram grammars are rarely used for large-vocabulaplications. Since tri-
grams require huge amounts of space, however, languagdsfiodmemory-constrained
applications like cell phones tend to use smaller contextsige compression tech-
niques). As we will discuss in Ch. 24, some simple dialogugliegtions take ad-
vantage of their limited domain to use very simple finiteestat weighted-finite state
grammars.

Lexicons are simply lists of words, with a pronunciation é&ach word expressed
as a phone sequence. Publicly available lexicons like théJGNttionary (CMU,
1993) can be used to extract the 64,000 word vocabulariesooty used for LVCSR.
Most words have a single pronunciation, although some wsawdl as homonyms and
frequent function words may have more; the average numbprasfunciations per
word in most LVCSR systems seems to range from 1 to 2.5.%4n.Ch. 10 discusses
the issue of pronunciation modeling.

9.6 SEARCH AND DECODING

We are now very close to having described all the parts of apbete speech recog-
nizer. We have shown how to extract cepstral features farad; and how to compute
the acoustic likelihood; (o) for that frame. We also know how to represent lexical
knowledge, that each word HMM is composed of a sequence dighwdels, and
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DECODING

(9.47)

LMSF

(9.48)

WORD INSERTION
PENALTY

each phone model of a set of subphone states. Finally, in Gle.ghowed how to use
N-grams to build a model of word predictability.

In this section we show how to combine all of this knowledgsdtve the problem
of decoding combining all these probability estimators to producerttest probable
string of words. We can phrase the decoding question asefGivstring of acoustic
observations, how should we choose the string of words whastthe highest posterior
probability?’

Recall from the beginning of the chapter the noisy channelehfor speech recog-
nition. In this model, we use Bayes rule, with the result thatbest sequence of words
is the one that maximizes the product of two factors, a lagguaodel prior and an
acoustic likelihood:

likelihood prior

~ —— ~
W = argmaxP(O|W) P(W)
WeZ
Now that we have defined both the acoustic model and languagielmve are

ready to see how to find this maximum probability sequenceatia: First, though,
it turns out that we'll need to make a modification to Equati®7), because it relies
on some incorrect independence assumptions. Recall thatamed a multivariate
Gaussian mixture classifier to compute the likelihood of dipalar acoustic observa-
tion (a frame) given a particular state (subphone). By campgwseparate classifiers
for each acoustic frame and multiplying these probabditteget the probability of the
whole word, we are severely underestimating the probglafitach subphone. This
is because there is a lot of continuity across frames; if weevte take into account
the acoustic context, we would have a greater expectatiom diven frame and hence
could assign it a higher probability. We must therefore iigivethe two probabilities.
We do this by adding in &anguage model scaling factoior LMSF, also called the
language weight This factor is an exponent on the language model probgBi{lV).
Becausd®(W) is less than one and the LMSF is greater than one (between Bsaird
many systems), this has the effect of decreasing the valtieedfM probability:

W = argmaP(OW)P(W)-MSF
Wez
Reweighting the language model probabilV) in this way requires us to make
one more change. This is becal®®V) has a side-effect as a penalty for inserting
words. It's simplest to see this in the case of a uniform laggumodel, where every
word in a vocabulary of sizg/| has an equal probabilit?%. In this case, a sentence

with N words will have a language model probability‘éf for each of theN words,

for a total penalty of of%. The large is (the more words in the sentence), the more

times this\% penalty multiplier is taken, and the less probable the seetevill be. Thus
if (on average) the language model probability decreasess(ng a larger penalty), the
decoder will prefer fewer, longer words. If the language elquobability increases
(larger penalty), the decoder will prefer more shorter vgoithus our use of a LMSF to
balance the acoustic model has the side-effect of deciggt®nword insertion penalty.
To offset this, we need to add back in a sepavaied insertion penalty:
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(9.49) W = argmaP(OW)P(W)-MSFy PN
WeZ

Since in practice we use logprobs, the goal of our decoder is:

(9.50) W = argmaxogP(O|W) 4+ LMSFx logP(W) + N x logWIP
WeZ

Now that we have an equation to maximize, let's look at howaoadle. It's the job
of a decoder to simultaneously segment the utterance intdsasnd identify each of
these words. This task is made difficult by variation, botleirms of how words are
pronounced in terms of phones, and how phones are artidulat@coustic features.
Just to give an intuition of the difficulty of the problem imag a massively simplified
version of the speech recognition task, in which the decisdgven a series of discrete
phones. In such a case, we would know what each phone was eviiécpaccuracy,
and yet decoding is still difficult. For example, try to deedtie following sentence
from the (hand-labeled) sequence of phones from the Swatnttbcorpus (don’t peek
ahead!):

[aydihshherdsahmthihngaxbawmuhvihngrihsenlih]

The answer is in the footnofe The task is hard partly because of coarticulation
and fast speech (e.qg., [d] for the first phonéusti). But it’s also hard because speech,
unlike English writing, has no spaces indicating word bautes. The true decoding
task, in which we have to identify the phones at the same timmea identify and
segment the words, is of course much harder.

For decoding, we will start with the Viterbi algorithm thaevntroduced in Ch. 6,
in the domain ofligit recognition, a simple task with with a vocabulary size of 11 (the
numbersonethroughnine pluszeroandoh).

Recall the basic components of an HMM model for speech ratiogn

Q=0102...0n a set ofstatescorresponding tsubphones

A=agiagz...an1...apn  atransition probability matrix A, eacha;j rep-
resenting the probability for each subphone of
taking aself-loopor going to the next subphone.
Together,Q and A implement apronunciation
lexicon, an HMM state graph structure for each
word that the system is capable of recognizing.

B=nhi(o) A set of observation likelihoods; also called
emission probabilities each expressing the
probability of a cepstral feature vector (observa-
tion o) being generated from subphone state

The HMM structure for each word comes from a lexicon of wordmumciations.
Generally we use an off-the-shelf pronunciation dictigreuch as the free CMUdict
dictionary described in Ch. 7. Recall from page 9 that the HstMcture for words in

2 | just heard something about moving recently.
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speech recognition is a simple concatenation of phone HMidsh phone consisting
of 3 subphone states, where every state has exactly twatioass a self-loop and a
loop to the next phones. Thus the HMM structure for each eligitd in our digit rec-
ognizer is computed simply by taking the phone string fromdittionary, expanding
each phone into 3 subphones, and concatenating togethaddition, we generally
add an optional silence phone at the end of each word, alipthie possibility of paus-
ing between words. We usually define the set of st@ideom some version of the
ARPAbet, augmented with silence phones, and expandeddtedteee subphones for
each phone.

The A andB matrices for the HMM are trained by the Baum-Welch algoritinm
the embedded training procedure that we will describe in Sec. 9.7. For now we’'ll
assume that these probabilities have been trained.

Fig. 9.22 shows the resulting HMM for digit recognition. Kdhat we've added
non-emitting start and end states, with transitions froenethd of each word to the end
state, and a transition from the end state back to the stde &t allow for sequences
of digits. Note also the optional silence phones at the erahol word.

Digit recognizers often don’t use word probabilities, sric many digit situations
(phone numbers or credit card numbers) each digit may hawesjaal probability of
appearing. But we've included transition probabilitietoirrach word in Fig. 9.22,
mainly to show where such probabilities would be for othadksi of recognition tasks.
As it happens, there are cases where digit probabilitiesattem such as in addresses
(which are often likely to end in 0 or 00) or in cultures wheoen® numbers are lucky
and hence more frequent, such as the lucky number ‘8’ in Ghine

Now that we have an HMM, we can use the same forward and Viggoirithms
that we introduced in Ch. 6. Let's see how to use the forwagdrithm to generate
P(O|W), the likelihood of an observation sequer@eiven a sequence of wordlg;
we'll use the single word “five”. In order to compute this likeod, we need to sum
over all possible sequences of states; assurimedhas the states [f], [ay], and [v], a
10-observation sequence includes many sequences suehfafidtving:

ay ay ay ay v .V Vv
ay ay ay ay v Vv
f f ay ay ay ay
ay ay ay ay ay ay
ay ay ay ay ay ay ay
ay ay ay ay ay v Vv

—h —h —h —h —h —h

—h —h —h —h —h
< << <

< << << <

The forward algorithm efficiently sums over this large numbg sequences in
O(N?T) time.

Let's quickly review the forward algorithm. It is a dynamicogramming algo-
rithm, i.e. an algorithm that uses a table to store interatedialues as it builds up the
probability of the observation sequence. The forward dligor computes the obser-
vation probability by summing over the probabilities of ptissible paths that could
generate the observation sequence.

Each cell of the forward algorithm trellig (j) or forward(t, j] represents the proba-
bility of being in statej after seeing the firgtobservations, given the automatonThe
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Figure 9.22 An HMM for the digit recognition task. A lexicon specifies tiphone
sequence, and each phone HMM is composed of three subphaclesvéh a Gaussian
emission likelihood model. Combining these and adding diopal silence at the end of
each word, results in a single HMM for the whole task. Notetthasition from the End
state to the Start state to allow digit sequences of arpiteangth.
value of each celix; (j) is computed by summing over the probabilities of every path
that could lead us to this cell. Formally, each cell expresise following probability:
(9.51) ai(j) =P(01,02...0,0 = j|A)
Hereq; = j means “the probability that théh state in the sequence of states is state
j”. We compute this probability by summing over the extensiofall the paths that
lead to the current cell. For a given stafeat timet, the valuea () is computed as:
N
(9.52)

ai(j) = _Zlatfl(i)aijbj (o)

The three factors that are multiplied in Eq” 9.52 in extegdhre previous paths to
compute the forward probability at tinteare:
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(9.53)

a;—1(i) theprevious forward path probability from the previous time step
aij thetransition probability from previous state; to current state;

bj(o)  thestate observation likelihoodof the observation symbak given
the current statg

The algorithm is described in Fig. 9.23.

function FORWARD(observationf len T, state-graphof len N) returns forward-prob

create a probability matriforward[N+2,T]

for each statsfrom 1to N do ;initialization step
forwards, 1]« ags * bs(01)
for each time stepfrom 2to T do ;recursion step

for each statsfrom 1to N dg
forward[s,t] — Z forward[s,t — 1] « ag s * bs(0;)
=1

N
forwardgr,T] — z forward[s, T] * asgq. ; termination step

s=1
return forward[gr, T]

Figure 9.23  The forward algorithm for computing likelihood of obserieat sequence
given a word modelas, s'] is the transition probability from current statéo next states,
andb[s, o] is the observation likelihood & giveno:. The observation likelihooH[s, o]
is computed by thacoustic model

Let's see a trace of the forward algorithm running on a sifigdiHMM for the
single wordfive given 10 observations; assuming a frame shift of 10ms, thises to
100ms. The HMM structure is shown vertically along the Iéfiy. 9.24, followed by
the first 3 time-steps of the forward trellis. The comple#dlis is shown in Fig. 9.25,
together withB values giving a vector of observation likelihoods for ea@mfe. These
likelihoods could be computed by any acoustic model (GMMstber); in this exam-
ple we've hand-created simple values for pedagogical mapo

Let's now turn to the question of decoding. Recall the Vitelbcoding algorithm
from our description of HMMs in Ch. 6. The Viterbi algorithraturns the most likely
state sequence (which is not the same as the most likely vegnaesice, but is often a
good enough approximation) in tin@(N>T).

Each cell of the Viterbi trellisy;(j) represents the probability that the HMM is in
state| after seeing the first observations and passing through the most likely state
sequencey;...0t—1, given the automatoA. The value of each celk(j) is computed
by recursively taking the most probable path that could lesitb this cell. Formally,
each cell expresses the following probability:

Wt (j) = P(Qo,d1---Gt-1,01,02...01, G = j|A)
Like other dynamic programming algorithms, Viterbi fillsabacell recursively.
Given that we had already computed the probability of bemguery state at time
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Figure 9.24  The first 3 time-steps of the forward trellis computation tfee wordfive
TheA transition probabilities are shown along the left edge Blobservation likelihoods
are shown in Fig. 9.25.

\% 0 0 0.008| 0.0093| 0.0114 | 0.00703| 0.00345| 0.00306| 0.00206| 0.00117
AY 0 0.04 | 0.054| 0.0664| 0.0355 0.016 0.00676 | 0.00208| 0.000532| 0.000109
F 0.8 | 0.32| 0.112| 0.0224| 0.00448| 0.000896| 0.000179| 4.48e-05| 1.12e-05| 2.8e-06
Time[| 1 | 2 [ 3 [ 4 | 5 | 6 | 7] 8 ] 9 ] 10 |
f 08 f 08 f 07/f 04°f 0.4 f 0.4 f 0.4 f 0.5 f 0.5 f 0.5
ay 0. ay 0. ay 0.3 ay 0.8ay 0.8 ay 0.8 ay 0.8 ay 0.6 ay 0.5 ay 0.4
B v 06gv 06v 04v 03vVv 0.3 v 0.3 v 0.3 v 0.6| v 0.8 v 0.9
p 04p 04p 02p O04p 0.4 p 0.1 p 0.4 p 0.1 p 0.3 p 0.3
iy 0.1l iy 0.1{iy 0.3/ iy 0.6/iy 0.6 iy 0.6| iy 0.6| iy 0.5| iy 0.5 iy 0.4

Figure 9.25 The forward trellis for 10 frames of the wofide, consisting of 3 emitting statef &y, v), plus non-
emitting start and end states (not shown). The bottom hali@table gives part of thB observation likelihood
vector for the observation at each framep(o|q) for each phone. B values are created by hand for pedagodjical

purposes. This table assumes the HMM structurefif@ shown in Fig. 9.24, each emitting state having a .5
loopback probability.

(9.54)

t—1, We compute the Viterbi probability by taking the most mble of the extensions
of the paths that lead to the current cell. For a given sjage timet, the valuex(j) is
computed as:

w(i) = maxi_.()aj bj(o)

The three factors that are multiplied in Eq. 9.54 for extegdhe previous paths to
compute the Viterbi probability at tinteare:

vi—1(i) theprevious Viterbi path probability from the previous time step
aij thetransition probability from previous state; to current state;

bj(o) thestate observation likelihoodof the observation symba given
the current stat¢

Fig. 9.26 shows the Viterbi algorithm, repeated from Ch. 6.
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function VITERBI(observation®f len T,state-graptof len N) returns best-path

create a path probability matrisiterbi[N+2,T]
for each statsfrom 1to Ndo ;initialization step
viterbi[s,1]«—ag s * bs(01)
backpointefs,1]< 0
for each time stepfrom 2to T do ;recursion step
for each statsfrom 1to N do

viterbi[s,t]Hrg’\éx viterbi[g,t — 1] * ag g * bs(0t)
-1 )

backpointe[s,t]garg'lynax viterbi[s,t — 1] x ag g
g=1

o N —
viterbi[gr, T] « malx viterbi[s, T] * asge ; termination step
o

backpointefgr,T] arg’?lnax viterbi[s, T] * agg: ; termination step

s=1
return the backtrace path by following backpointers to states bactime from
backpointefgr, T]

Figure 9.26 Viterbi algorithm for finding optimal sequence of hiddentega Given
an observation sequence of words and an HMM (as defined by @red B matrices),
the algorithm returns the state-path through the HMM whig$igns maximum likelihood
to the observation sequencas’, g is the transition probability from previous stafeto
current state, andbs(ot) is the observation likelihood afgivenot. Note that states 0 and
F are non-emitting start and end states.

Recall that the goal of the Viterbi algorithm is to find the tetate sequencg=
(010203 .- 07) given the set of observatioms= (010203...07). It needs to also find
the probability of this state sequence. Note that the Vit@idorithm is identical to the
forward algorithm except that it takes the MAX over the poaid path probabilities
where forward takes the SUM.

Fig. 9.27 shows the computation of the first three time-siefke Viterbi trellis
corresponding to the forward trellis in Fig. 9.24. We havaiagised the made-up
probabilities for the cepstral observations; here we a#lo common convention in
not showing the zero cells in the upper left corner. Note ¢iméy the middle cell in the
third column differs from Viterbi to forward. Fig. 9.25 shewhe complete trellis.

Note the difference between the final values from the Vit forward algo-
rithms for this (made-up) example. The forward algorithmegi the probability of
the observation sequence as .00128, which we get by sumherfgnal column. The
Viterbi algorithm gives the probability of the observat®gguence given the best path,
which we get from the Viterbi matrix as .000493. The Viterbolpability is much
smaller than the forward probability, as we should expeutesiviterbi comes from a
single path, where the forward probability is the sum oviepaths.

The real usefulness of the Viterbi decoder, of course, heissiability to decode
a string of words. In order to do cross-word decoding, we rnteeaugment theA
matrix, which only has intra-word state transitions, witle inter-word probability of
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Figure 9.27 The first 3 time-steps of the viterbi trellis computation fbe wordfive

TheA transition probabilities are shown along the left edge;Blabservation likelihoods
are shown in Fig. 9.28. In this computation we make the sifyiplj assumption that the|
probability of starting in state 1 (phone [f]) is 1.0

\% 0 0 0.008| 0.0072| 0.00672| 0.00403| 0.00188| 0.00161| 0.000667| 0.000493
AY 0 0.04 | 0.048| 0.0448| 0.0269| 0.0125 | 0.00538| 0.00167| 0.000428| 8.78e-05
F 0.8 | 0.32| 0.112| 0.0224| 0.00448| 0.000896| 0.000179| 4.48e-05| 1.12e-05| 2.8e-06
Timel[ 1 | 2 [ 38 [ 4 | | | | | [ 10 |
f 08 f 08 f 0.7/f 04°f 0.4 f 0.4 f 0.4 f 0.5 f 0.5 f 0.5
ay 0. ay 0. ay 0.3 ay 0.8§ay 0.8 ay 0.8 ay 0.8 ay 0.6 ay 0.5 ay 0.4
B v 06gv 06v 04v 03vVv 0.3 v 0.3 v 0.3 v 0.6| v 0.8 v 0.9
p 04p 04p 02p O04p 0.4 p 0.1 p 0.4 p 0.1 p 0.3 p 0.3
iy 0.1/ iy 0.1{iy 0.3/ iy 0.6/iy 0.6 iy 0.6| iy 0.6| iy 0.5| iy 0.5 iy 0.4

Figure 9.28  The Viterbi trellis for 10 frames of the woffil’e, consisting of 3 emitting statef &y, v), plus non-
emitting start and end states (not shown). The bottom hali@table gives part of thB observation likelihood
vector for the observation at each framep(o|q) for each phone. B values are created by hand for pedagodjical
purposes. This table assumes the HMM structurefif@ shown in Fig. 9.24, each emitting state having & .5
loopback probability.

transitioning from the end of one word to the beginning oftaeo word. The digit
HMM model in Fig. 9.22 showed that we could just treat eachdaas independent,
and use only the unigram probability. Higher-ortkegrams are much more common.
Fig. 9.29, for example, shows an augmentation of the digitMiivith bigram proba-
bilities.

A schematic of the HMM trellis for such a multi-word decoditagk is shown
in Fig. 9.30. The intraword transitions are exactly as shawkig. 9.27. But now
between words we've added a transition. The transitiongdodity on this arc, rather
than coming from theA matrix inside each word, comes from the language model
P(W).

Once the entire Viterbi trellis has been computed for theratice, we can start
from the most-probable state at the final time step and fotlmvbacktrace pointers
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p(one | one)

p(zero | zero)

Figure 9.29 A bigram grammar network for the digit recognition task. Thigrams
give the probability of transitioning from the end of one @ado the beginning of the next
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Figure 9.30 The HMM Viterbi trellis for a bigram language model. The mtrord

transitions are exactly as shown in Fig. 9.27. Between waoadgotential transition is
added (shown as a dotted line) from the end state of each wditbtbeginning state of]
every word, labeled with the bigram probability of the wordrp

backwards to get the most probable string of states, ancettrenost probable string
of words. Fig. 9.31 shows the backtrace pointers beingvatbback from the best
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state, which happens to bewt, eventually throughvy andw;, resulting in the final
word stringwiwy - - - Wo.

0 1 2 3 4
Time

=

Figure 9.31 Viterbi backtrace in the HMM trellis. The backtrace start¢tie final state,
and results in a best phone string from which a word stringeis/dd.

The Viterbi algorithm is much more efficient than exponditieunning the for-
ward algorithm for each possible word string. Nonetheliss,still slow, and much
modern research in speech recognition has focused on sgegdlithe decoding pro-
cess. For example in practice in large-vocabulary recagnite do not consider all
possible words when the algorithm is extending paths from state-column to the
next. Instead, low-probability paths goeuned at each time step and not extended to
the next state column.

This pruning is usually implemented vieeam search(Lowerre, 1968). In beam
search, at each time we first compute the probability of the best (most-probpble
state/pathD. We then prune away any state which is worse tBahy some fixed
threshold beam width) 6. We can talk about beam-search in both the probability
and negative log probability domain. In the probability domany path/state whose
probability is less tha® « D is pruned away; in the negative log domain, any path
whose cost is greater thént D is pruned. Beam search is implemented by keeping for
each time step aactive list of states. Only transitions from these words are extended
when moving to the next time step.

Making this beam search approximation allows a significaees-up at the cost
of a degradation to the decoding performance. Huang et @01(2suggest that em-
pirically a beam size of 5-10% of the search space is suflic#h95% of the states
are thus not considered. Because in practice most impleiens of Viterbi use beam
search, some of the literature uses the tbeam searchor time-synchronous beam
searchinstead of Viterbi.
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9.7 BVBEDDED TRAINING

We turn now to see how an HMM-based speech recognition syistérained. We've
already seen some aspects of training. In Ch. 4 we showed dhéoain a language
model. In Sec. 9.4, we saw how GMM acoustic models are traiyerligmenting the
EM algorithm to deal with training the means, variances, aeijhts. We also saw
how posterior AM classifiers like SVMs or neural nets coulditaéned, although for
neural nets we haven't yet seen how we get training data inlwdech frame is labeled
with a phone identity.

In this section we complete the picture of HMM training by sty how this aug-
mented EM training algorithm fits into the whole process aiiting acoustic models.
For review, here are the three components ofat@ustic model

Q=q102-.-On thesubphonesrepresented as a setsihtes

A=apap2...an1...-a8nn  a subphone transition probability matrix A,
eacha;; representing the probability for each
subphone of taking aelf-loop or going to the
next subphone. Togethe@ and A implement
a pronunciation lexicon, an HMM state graph
structure for each word that the system is capa-
ble of recognizing.

B="hi(o) A set of observation likelihoods; also called
emission probabilities each expressing the
probability of a cepstral feature vector (observa-
tion o¢) being generated from subphone state

We will assume that the pronunciation lexicon, and thus #sdHMM state graph
structure for each word, is pre-specified as the simple fitdM structures with
loopbacks on each state that we saw in Fig. 9.7 and Fig. 9.82%yeheral, speech
recognition systems do not attempt to learn the structutieeahdividual word HMMs.
Thus we only need to train thB matrix, and we need to train the probabilities of
the non-zero (self-loop and next-subphone) transitiorthéA matrix. All the other
probabilities in theA matrix are set to zero and never change.

The simplest possible training method,hand-labeled isolated wordtraining,
in which we train separate tH& and A matrices for the HMMs for each word based
on hand-aligned training data. We are given a training cogfudigits, where each
instance of a spoken digit is stored in a wavefile, and wittsthe and end of each word
and phone hand-segmented. Given such a hand-labeled siataleecan compute tiige
Gaussians observation likelihoods andAtteansition probabilities by merely counting
in the training data! Thé\ transition probability are specific to each word, but Bie
Gaussians would be shared across words if the same phoneestzumultiple words.

Unfortunately, hand-segmented training data is rarelg uséraining systems for
continuous speech. One reason is that it is very expensivegtdiumans to hand-label
phonetic boundaries; it can take up to 400 times real tinee (400 labeling hours
to label each 1 hour of speech). Another reason is that humamé do phonetic
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labeling very well for units smaller than the phone; peopie lbad at consistently
finding the boundaries of subphones. ASR systems arenréritibin humans at finding
boundaries, but their errors are at least consistent bettheetraining and test sets.

For this reason, speech recognition systems train eacleghigiM embedded in an
entire sentence, and the segmentation and phone alignneedbae automatically as
part of the training procedure. This entire acoustic mo@éhing process is therefore
calledembedded training Hand phone segmentation do still play some role, however,
for example for bootstrapping initial systems for discrative (SVM; non-Gaussian)
likelihood estimators, or for tasks like phone recognition

In order to train a simple digits system, we’ll need a tragn@orpus of spoken digit
sequences. For simplicity assume that the training corpegparated into separate
wavefiles, each containing a sequence of spoken digits. &br wavefile, we’'ll need
to know the correct sequence of digit words. We'll thus aisgeavith each wavefile a
transcription (a string of words). We'll also need a proriation lexicon and a phone-
set, defining a set of (untrained) phone HMMs. From the tnapi$en, lexicon, and
phone HMMs, we can build a “whole sentence” HMM for each secée as shown in
Fig. 9.32.

Transcription ‘

Nine four oh two two Wavefile JWW%W

wahn
Lexicon | 1 1Y I T [
eight eyt IARARAREREEE
nine nayn
zer0  ziyrow .
oh ow Feature Extraction

naynfaorowtuwtuw rrrrvvvov

o $3348444%- 580848 T prEERIEEEEAD

Figure 9.32 The input to the embedded training algorithm; a wavefile aksp digits with a corresponding
transcription. The transcription is converted into a raw MMeady to be aligned and trained against the cepstral
features extracted from the wavefile.

We are now ready to train the transition matrix A and outpkellhood estimator B
for the HMMs. The beauty of the Baum-Welch-based paradigrerfigbedded training
of HMMs is that this is all the training data we need. In paréc, we don't need
phonetically transcribed data. We don’t even need to knoere/leach word starts and
ends. The Baum-Welch algorithm will sum over all possiblgnsentations of words
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FLAT START

VITERBI TRAINING

FORCED ALIGNMENT

and phones, using; (t), the probability of being in statpat timet and generating the
observation sequence O.

We will, however, need an initial estimate for the transitand observation prob-
abilities a;j andbj(o;). The simplest way to do this is withftat start. In flat start,
we first set to zero any HMM transitions that we want to be @tnally zero’, such as
transitions from later phones back to earlier phones. fipmbability computation in
Baum-Welch includes the previous valueagf, so those zero values will never change.
Then we make all the rest of the (non-zero) HMM transitiongigigpbable. Thus the
two transitions out of each state (the self-loop and thestti@m to the following sub-
phone) each would have a probability of 0.5. For the Gaussefiat start initializes
the mean and variance for each Gaussian identically, toltmbmean and variance
for the entire training data.

Now we have initial estimates for theandB probabilities. For a standard Gaus-
sian HMM system, we now run multiple iterations of the Baureldli algorithm on
the entire training set. Each iteration modifies the HMM pagters, and we stop when
the system converges. During each iteration, as discuss€t.i6, we compute the
forward and backward probabilities for each sentence dgiverinitial A andB proba-
bilities, and use them to re-estimate thandB probabilities. We also apply the various
modifications to EM discussed in the previous section toamly update the Gaussian
means and variances for multivariate Gaussians. We witudis in Sec??in Ch. 10
how to modify the embedded training algorithm to handle omgtGaussians.

In summary, the basiembedded training procedureis as follows:

Given: phoneset, pronunciation lexicon, and the tranedribavefiles
1. Build a*“whole sentence” HMM for each sentence, as show#ign9.32.

2. Initialize A probabilities to 0.5 (for loop-backs or for the correct next
subphone) or to zero (for all other transitions).

3. Initialize B probabilities by setting the mean and variance for each
Gaussian to the global mean and variance for the entirdrigpget.

4. Run multiple iterations of the Baum-Welch algorithm.

The Baum-Welch algorithm is used repeatedly as a comporigheembedded
training process. Baum-Welch compui&$i), the probability of being in stateat
time t, by using forward-backward to sum over all possible patlas were in state
i emitting symbolo; at timet. This lets us accumulate counts for re-estimating the
emission probabilitpj(o;) from all the paths that pass through statat timet. But
Baum-Welch itself can be time-consuming.

There is an efficient approximation to Baum-Welch trainingttmakes use of the
Viterbi algorithm. InViterbi training , instead of accumulating counts by a sum over
all paths that pass through a stgtat timet, we approximate this by only choosing
the Viterbi (most-probable) path. Thus instead of runnind & every step of the
embedded training, we repeatedly run Viterbi.

Running the Viterbi algorithm over the training data in thiay is calledforced
Viterbi alignment or justforced alignment In Viterbi training (unlike in Viterbi
decoding on the test set) we know which word string to assigeatch observation
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(9.55)

(9.56)

sequence, So we can ‘force’ the Viterbi algorithm to passubh certain words, by
setting theajjs appropriately. A forced Viterbi is thus a simplificationtbe regular
Viterbi decoding algorithm, since it only has to figure o ttorrect state (subphone)
sequence, but doesn’t have to discover the word sequeneeesilt is dorced align-
ment: the single best state path corresponding to the trainisgmiation sequence. We
can now use this alignment of HMM states to observationst¢amalate counts for re-
estimating the HMM parameters. We saw earlier that forahalient can also be used
in other speech applications like text-to-speech, whewednave a word transcript and
a wavefile in which we want to find boundaries.

The equations for retraining a (non-mixture) Gaussian feoviiterbi alignment are
as follows:

1 T
b = = ZLOt s.t.q is statel
T4

~2
0j

14 . :
= Zl(ot — 1ti)? s.t.q is statel
t=

We saw these equations already, as (9.27) and (9.28) on ageh2n we were
‘imagining the simpler situation of a completely labelegining set'.

It turns out that this forced Viterbi algorithm is also usadhe embedded training
of hybrid models like HMM/MLP or HMM/SVM systems. We begintivian untrained
MLP, and using its noisy outputs as tBealues for the HMM, perform a forced Viterbi
alignment of the training data. This alignment will be queteorful, since the MLP
was random. Now this (quite errorful) Viterbi alignment gius a labeling of feature
vectors with phone labels. We use this labeling to retragnM.P. The counts of the
transitions which are taken in the forced alignments cansieel to estimate the HMM
transition probabilities. We continue this hill-climbiqpgocess of neural-net training
and Viterbi alignment until the HMM parameters begin to cenmge.

9.8 EVALUATION: WORD ERRORRATE

WORD ERROR

The standard evaluation metric for speech recognitioresystis thevord error rate.
The word error rate is based on how much the word string retlihy the recognizer
(often called theéhypothesizedword string) differs from a correct aeferencetran-
scription. Given such a correct transcription, the firspstecomputing word error is
to compute thaninimum edit distance in words between the hypothesized and cor-
rect strings, as described in Ch. 3. The result of this coatpmrt will be the minimum
number of wordsubstitutions, wordinsertions, and worddeletionsnecessary to map
between the correct and hypothesized strings. The word ext® (WER) is then de-
fined as follows (note that because the equation includestioss, the error rate can
be greater than 100%):

Insertionst Substitutions+ Deletions
Total Words in Correct Transcript

Word Error Rate= 100x
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We sometimes also talk about the SER (Sentence Error Rat@hells us how
many sentences had at least one error:

# of sentences with at least one word error
total # of sentences

Sentence Error Rate= 100x

ALIGNMENTS Here is an example of thalignments between a reference and a hypothesized
utterance from the CALLHOME corpus, showing the counts usempute the word
error rate:

REF: i ** * UM the PHONE IS i LEFT THE portable **** PHONE UPSRIRS last night
HYP: i GOT IT TO the **** FULLEST i LOVE TO portable FORM OF ST®ES last night
Eval: | I S D S S S I S S

This utterance has six substitutions, three insertiors ome deletion:

Word Error Rate= 100%;1 =76.9%

The standard method forimplementing minimum edit distaammbcomputing word
error rates is a free script callext| i t e, available from the National Institute of
Standards and Technologies (NIST) (NIST, 2008¢. i t e is given a series of ref-
erence (hand-transcribed, gold-standard) sentences aradching set of hypothesis
sentences. Besides performing alignments, and computing @rror rate, sclite per-
forms a number of other useful tasks. For example, it givesulisnformation for
error analysis, such as confusion matrices showing which words are oftasnetdg-
nized for others, and gives summary statistics of words whie often inserted or
deletedscl i t e also gives error rates by speaker (if sentences are labmlisgéaker

SENTENCEERROR  jd), as well as useful statistics like tkentence error rate the percentage of sentences
with at least one word error.

Finally, scl i t e can be used to compute significance tests. Suppose we make
some changes to our ASR system and find that our word errohestelecreased by
1%. In order to know if our changes really improved things,need a statistical test
to make sure that the 1% difference is not just due to chanle.sfandard statistical
test for determining if two word error rates are differentie Matched-Pair Sentence
Segment Word Error (MAPSSWE) test, which is also availabledl! i t e (although

mcNemarTEST  the McNemar testis sometimes used as well).

The MAPSSWE test is a parametric test that looks at the d@iffee between the
number of word errors the two systems produce, averagedsanmumber of segments.
The segments may be quite short or as long as an entire wgiargeneral we want to
have the largest number of (short) segments in order tdyukg normality assumption
and for maximum power. The test requires that the errorsérsegment be statistically
independent of the errors in another segment. Since ASRragdend to use trigram
LMs, this can be approximated by defining a segment as a rdgianded on both
sides by words that both recognizers get correct (or tuerance boundaries).

Here’s an example from NIST (2007) with four segments, lath@ roman numer-
als:
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(9.57)

(9.58)

| 11 11 IV

REF: |it was|the best|of|tinmes it|was the worst|of tines| |it was
I I | I I [

SYS A |ITS |the best|of|tinmes it|IS the worst |of tinmes|OR it was

I I (. I I [
SYS B:|it was|the best| |tinmes it|WON the TEST |of times| |[|it was

In region |, system A has 2 errors (a deletion and an inséraon system B has
0; in region Il system A has 1 (substitution) error and sgst has 2. Let's define
a sequence of variabl&srepresenting the difference between the errors in the two
systems as follows:

N,k the number of errors made on segmieloy systemA
NiB the number of errors made on segmieloy systenB
z Ny —N&,i = 1,2,---,nwheren is the number of segments

For example in the example above the sequencéé\@flues is{2,—1,—1,1}. In-
tuitively, if the two systems are identical, we would expa average difference, i.e.
the average of th& values, to be zero. If we call the true average of the diffeesn
mu,, we would thus like to know whethenu, = 0. Following closely the original pro-
posal and notation of Gillick and Cox (1989), we can estinthagéetrue average from
our limited sample ag, = S, Zi/n.

The estimate of the variance of tAgs is:

n
5 1
0, = ——

Let

v az/ vy
For a large enough (> 50) W will approximately have a normal distribution with tini
variance. The null hypothesis k4 : 4z = 0, and it can thus be rejected ik®(Z >
|w|) < 0.05 (two-tailed) ofP(Z > |w|) < 0.05 (one-tailed). wherg is standard normal
andw is the realized valugV; these probabilities can be looked up in the standard
tables of the normal distribution.

Could we improve on word error rate as a metric? It would be rficr example, to
have something which didn’t give equal weight to every waethaps valuing content
words likeTuesdaymore than function words lika or of. While researchers generally
agree that this would be a good idea, it has proved difficu#geee on a metric that
works in every application of ASR. For dialogue systems, &y, where the desired
semantic output is more clear, a metric calbethcept error ratéhas proved extremely
useful, and will be discussed in Ch. 24 on p&§e

9.9 SUMMARY

Together with Ch. 4 and Ch. 6, this chapter introduced thedmmental algorithms for
addressing the problem barge Vocabulary Continuous Speech Recognition
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e The input to a speech recognizer is a series of acoustic waleswaveform,
spectrogramandspectrumare among the visualization tools used to understand
the information in the signal.

e In the first step in speech recognition, sound wavessarapled quantized,
and converted to some sortgectral representation A commonly used spec-
tral representation is themel cepstrum or MFCC which provides a vector of
features for each frame of the input.

¢ GMM acoustic models are used to estimateghenetic likelihoods(also called
observation likelihoodg of thesefeature vectorsfor each frame.

e Decodingor searchor inferenceis the process of finding the optimal sequence
of model states which matches a sequence of input obsamgatfd@he fact that
there are three terms for this process is a hint that speeogméion is inherently
inter-disciplinary, and draws its metaphors from more tbaa field;decoding
comes from information theory, arsgarchandinferencefrom artificial intelli-
gence).

e We introduced two decoding algorithms: time-synchronWiterbi decoding
(whichis usually implemented with pruning and can then bieddeam search
andstackor A* decoding. Both algorithms take as input a sequence of @pstr
feature vectors, a GMM acoustic model, andNugram language model, and
produce a string of words.

e Theembedded trainingparadigm is the normal method for training speech rec-

ognizers. Given an initial lexicon with hand-built proniatton structures, it will
train the HMM transition probabilities and the HMM obseteatprobabilities.

BIBLIOGRAPHICAL AND HISTORICAL NOTES

The first machine which recognized speech was probably a esoiah toy named
“Radio Rex” which was sold in the 1920s. Rex was a celluloid tftat moved (via
a spring) when the spring was released by 500 Hz acoustiggn8ince 500 Hz is
roughly the first formant of the vowel [eh] in “Rex”, the dogeseed to come when he
was called (David and Selfridge, 1962).

By the late 1940s and early 1950s, a number of machine speeanition systems
had been built. An early Bell Labs system could recognizedrthe 10 digits from
a single speaker (Davis et al., 1952). This system had 1(ksepeapendent stored
patterns, one for each digit, each of which roughly reprieskthe first two vowel
formants in the digit. They achieved 97-99% accuracy by simgothe pattern which
had the highest relative correlation coefficient with thpun Fry (1959) and Denes
(1959) built a phoneme recognizer at University Collegendan, which recognized
four vowels and nine consonants based on a similar patemwgnition principle. Fry
and Denes’s system was the first to use phoneme transitidralpitities to constrain
the recognizer.

The late 1960s and early 1970s produced a number of impgréaatigm shifts.
First were a number of feature-extraction algorithms,udelthe efficient Fast Fourier
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Transform (FFT) (Cooley and Tukey, 1965), the applicatiboapstral processing to
speech (Oppenheim et al., 1968), and the development of bP€péech coding (Atal
and Hanauer, 1971). Second were a number of ways of handinging; stretching
or shrinking the input signal to handle differences in sjregkate and segment length
when matching against stored patterns. The natural atgoiffior solving this problem
was dynamic programming, and, as we saw in Ch. 6, the algontls reinvented
multiple times to address this problem. The first applicatmspeech processing was
by Vintsyuk (1968), although his result was not picked up Hyeo researchers, and
was reinvented by Velichko and Zagoruyko (1970) and SakadeCiriba (1971) (and
(1984)). Soon afterward, Itakura (1975) combined this dyicgprogramming idea
with the LPC coefficients that had previously been used omiyspeech coding. The
resulting system extracted LPC features for incoming wamils used dynamic pro-
gramming to match them against stored LPC templates. Thepraiyabistic use of
dynamic programming to match a template against incomiegdapis calledlynamic
time warping.

The third innovation of this period was the rise of the HMMdHéen Markov Mod-
els seem to have been applied to speech independently altenatories around 1972.
One application arose from the work of statisticians, irtipalar Baum and colleagues
at the Institute for Defense Analyses in Princeton on HMMd dreir application to
various prediction problems (Baum and Petrie, 1966; BaudnEagon, 1967). James
Baker learned of this work and applied the algorithm to shemocessing (Baker,
1975) during his graduate work at CMU. Independently, Frieelelinek, Robert
Mercer, and Lalit Bahl (drawing from their research in infation-theoretical mod-
els influenced by the work of Shannon (1948)) applied HMMspeesh at the IBM
Thomas J. Watson Research Center (Jelinek et al., 1975).’sIBMI Baker's sys-
tems were very similar, particularly in their use of the Bsige framework described
in this chapter. One early difference was the decoding dlgor Baker's DRAGON
system used Viterbi (dynamic programming) decoding, wihieeIBM system applied
Jelinek’s stack decoding algorithm (Jelinek, 1969). Baken joined the IBM group
for a brief time before founding the speech-recognition pany Dragon Systems. The
HMM approach to speech recognition would turn out to congtyeominate the field
by the end of the century; indeed the IBM lab was the drivingéan extending sta-
tistical models to natural language processing as welludicg the development of
class-basetll-grams, HMM-based part-of-speech tagging, statisticaihimee transla-
tion, and the use of entropy/perplexity as an evaluationmimet

The use of the HMM slowly spread through the speech commuittye cause
was a number of research and development programs sporisotieel Advanced Re-
search Projects Agency of the U.S. Department of DefenséPfARThe first five-
year program starting in 1971, and is reviewed in Klatt ()97he goal of this first
program was to build speech understanding systems basedfeanspeakers, a con-
strained grammar and lexicon (1000 words), and less than séi¥@ntic error rate.
Four systems were funded and compared against each otleeSydiem Develop-
ment Corporation (SDC) system, Bolt, Beranek & Newman (BBMWIM system,
Carnegie-Mellon University’s Hearsay-Il system, and @aie-Mellon’s Harpy sys-
tem (Lowerre, 1968). The Harpy system used a simplified warsf Baker's HMM-
based DRAGON system and was the best of the tested systetdrnsceording to Klatt
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the only one to meet the original goals of the ARPA projectifvai semantic accuracy
rate of 94% on a simple task).

Beginning in the mid-1980s, ARPA funded a number of new speesearch pro-
grams. The first was the “Resource Management” (RM) taskéRtial., 1988), which
like the earlier ARPA task involved transcription (recatipn) of read-speech (speakers
reading sentences constructed from a 1000-word vocaRfudaryhich now included a
component that involved speaker-independent recognitiater tasks included recog-
nition of sentences read from the Wall Street Journal (W®djriming with limited
systems of 5,000 words, and finally with systems of unlimiedabulary (in prac-
tice most systems use approximately 60,000 words). Lateaprecognition tasks
moved away from read-speech to more natural domains; thed8est News domain
(LDC, 1998; Graff, 1997) (transcription of actual news licasts, including quite
difficult passages such as on-the-street interviews) am@tritchboardCALLHOME,
CALLFRIEND, and Fisher domains (Godfrey et al., 1992; Cieri et al., 2@04tural
telephone conversations between friends or strangersk. AlihTraffic Information
System (ATIS) task (Hemphill et al., 1990) was an earlieregbeunderstanding task
whose goal was to simulate helping a user book a flight, by arieg/questions about
potential airlines, times, dates, and so forth.

Each of the ARPA tasks involved an approximately anrhaie-off at which all
ARPA-funded systems, and many other ‘volunteer’ systems florth American and
Europe, were evaluated against each other in terms of woodrate or semantic error
rate. In the early evaluations, for-profit corporations dat generally compete, but
eventually many (especially IBM and ATT) competed regylaThe ARPA compe-
titions resulted in widescale borrowing of techniques agntabs, since it was easy
to see which ideas had provided an error-reduction the puswear, and were prob-
ably an important factor in the eventual spread of the HMMagaym to virtual ev-
ery major speech recognition lab. The ARPA program alsoltesun a number of
useful databases, originally designed for training antingsystems for each evalua-
tion (TIMIT, RM, WSJ, ATIS, BN, CALLHOME, Switchboard, Figr) but then made
available for general research use.

Speech research includes a number of areas besides speaghition; we already
saw computational phonology in Ch. 7, speech synthesis i8Cimd we will discuss
spoken dialogue systems in Ch. 24. Another important arspdaker identification
and speaker verification, in which we identify a speaker (for example for security
when accessing personal information over the telephorne)r(®ds and Rose, 1995;
Shriberg et al., 2005; Doddington, 2001). This task is eglablanguage identifica-
tion, in which we are given a wavefile and have to identify whichglaage is being
spoken; this is useful for automatically directing callerfiuman operators that speak
appropriate languages.

There are a number of textbooks and reference books on spEmxgnition that are
good choices for readers who seek a more in-depth undenstpofdthe material in this
chapter: Huang et al. (2001) is by far the most compreheiasidaip-to-date reference
volume and is highly recommended. Jelinek (1997), Gold andysin (1999), and Ra-
biner and Juang (1993) are good comprehensive textbookdagtitwo textbooks also
have discussions of the history of the field, and togethdr thi¢ survey paper of Levin-
son (1995) have influenced our short history discussionigctmapter. Our description
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of the forward-backward algorithm was modeled after Rab{889), and we were
also influenced by another useful tutorial paper, Knill amdiiyg (1997). Research in
the speech recognition field often appears in the procesdihthe annual INTER-
SPEECH conference, (which is called ICSLP and EUROSPEECiténnate years)
as well as the annual IEEE International Conference on Aas)$Speech, and Signal
Processing (ICASSP). Journals inclugigeech CommunicatiogBomputer Speech and
Language the IEEE Transactions on Audio, Speech, and Language Proagssird
the ACM Transactions on Speech and Language Processing

EXERCISES

LOGPROB

9.1 Analyze each of the errors in the incorrectly recognizeddcaiption of “um the
phoneis | leftthe...” on page 46. For each one, give yourdpasss as to whether you
think it is caused by a problem in signal processing, proraiimn modeling, lexicon
size, language model, or pruning in the decoding search.

9.2 In practice, speech recognizers do all their probabilityjpatation using théog
probability (or logprob) rather than actual probabilities. This helps avoid undexfl
for very small probabilities, but also makes the Viterbialthm very efficient, since
all probability multiplications can be implemented by augliog probabilities. Rewrite
the pseudocode for the Viterbi algorithm in Fig. 9.26 on pag¢o make use of log-
probs instead of probabilities.

9.3 Now modify the Viterbi algorithm in Fig. 9.26 on page 38 to ilmment the beam
search described on page 41. Hint: You will probably needdtbia code to check
whether a given state is at the end of a word or not.

9.4 Finally, modify the Viterbi algorithm in Fig. 9.26 on page @&h more detailed
pseudocode implementing the array of backtrace pointers.

9.5 Using the tutorials available as part of a publicly avaiatdcognizer like HTK
or Sonic, build a digit recognizer.

9.6 Take the digit recognizer above and dump the phone liketisdor a sentence.
Now take your implementation of the Viterbi algorithm ana@stthat you can success-
fully decode these likelihoods.
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