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The BBN Speech Understanding System: Final Report
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A. ACOUSTIC FRONT END

1. Initial Sisnal Processing

This component of the system digitizes the analog speech signal and
computes the basic parameters to be wused in the Acoustic-Phonetic
Recognition (APR) and Verification components.

a. Real-Time Acquisition

The analog speech signal is fed into an analog-to-digital (A/D)
converter, which samples the signal into 12-bit samples at one of two
constant rates, F=10 or 20 kHz. The sampled signal amplitude is then
normalized such that the maximum amplitude in the utterance is 255. The
resultant samples are stored on a disk file using 9 bits each, 4 samples
per computer word.

As almost all of the parameters used in the APR are computed from the
0-5 kHz part of the signal spectrum (see Sec. B), a 10 kHz sampling rate
would have been adequate. We chose, however, to design the system to
allow for a 20 kHz sampling rate in case we decided to use information in
the 5-10 kHz region of the spectrum for some purpose, such as
classification of place of articulation of obstruents.

b. Parameter Computation

All parameters are computed every 10 ms, giving an analysis rate of
100 frames/second. Subsequent timing considerations for phonetic segments
and words are based on this basic frame rate. Except for pitch, all
parameter computations are based on an analysis window of 20 ms; pitch
extraction uses a 50 ms window.

(1) Zero Crossings (2C)

The first parameter to be computed from the time signal is 2ZC, the
number of zero crossings in a 20 ms interval. The algorithm is independent
of the sampling rate; it merely makes sure that the analysis interval is 26
ms. Thus, for 10 kHz sampling, the interval contains 200 speech samples,
and for 20 kHz sampling, the interval contains 400 samples.

-1.
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(2) LP Analysis

The objective here is to perform a linear prediction (LP) analysis on
the 0-5 kHz region of the spectrum, with preemphasis. 1In order to ensure
uniformity of analysis, independent of sampling rate, we do not perform
preemphasis in the time domain, but rather in the autocorrelation domain.
This couples in nicely with the desired LP analysis, as we shall discuss
below.

In the autocorrelation method of LP, the predictor coefficients are
computed by solving a set of equations [Makhoul 1975a]:

P ; :
L a R'(i-k) = -R'(i), 12izp, (1)
k=1

where R°(i) is the autocorrelation of the preemphasized signal, in our
case; a  are the predictor coefficients; and Py is the number of
coefficients or poles in the all-pole model (p=13 in our system). R’°(i) is
obtained from R(i), the autocorrelation of the nonpreemphasized signal, by
the following convolution operation:

R' (i) = I b(k) R(i-k), (2)

k
where b(k) is the autocorrelation of the impulse response of the all-zero
preemphasis filter. In our system, we use a single-zero preemphasis filter
1-2'1, which in the time domain is equivalent to simple differencing. The

autocorrelation of this single zero filter is

2, k=0
b(k) ={-1, |k|=1 (3)
0, otherwise.

Substituting in (2), we obtain:
R°(4) = 2R(1) - R(i-1) - R(i+1), 0<igp. (k)

From (4), it is clear that, in order to compute R°(1i) for 0<i<p, we need to
know R(1) for 0<i<p+1. The remaining issue, then, is how to compute R(i)
that corresponds to the 0-5 kHz part of the signal spectrum.

The method we have chosen depends on whether F=10 or 20 kHz. In
either case, the signal is first windowed using a 20 ms Hamming window. If
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s(n), 0<n¢N-1, is the original signal, and N is the number of samples in a
20 ms interval, then the windowed signal s’(n) is computed from:

s'(n) = [0.54-0.46 cos(2mn/N)]s(n), 0<n<N-1. (5)

If F=10 kHz, then R(i) is computed directly from s’(n):

N-1-]i|
R(i) = I s8'(n) s'(n+i), 0<i<p+l. (6)
n=0

If F=20 kHz, then R(i) is computed from the 0-5 kHz region of the
spectrum, as follows. Using the FFT, we compute the signal spectrum P(k):
M-1 2
P(k) = | £ s'(n)e 32™Mk/M|" " gcxem-1, (1)
n=0

where M=512¢ and s°(n)=0 for N<n<M-1. Note that P(k) is even symmetric
about M/2, and thus only M/2 spectral values need be computed. Then, we
take the 1lower half of the spectrum (corresponding to 0-5 kHz), make it
even symmetric about M/4, and take the inverse Fourier transform to obtain
the autocorrelation R(i):

M
.t o
R(1) = & i p(k)e 32K/ (M/2) | g4 Boa, (8)

Equation (8) is then computed using the FFT. (Direct computation of R"(1i)
using the DFT can also be used since only the first p+2 values are needed.)
The resulting computed autocorrelation is equivalent to having lowpass
filtered the 20 kHz sampled signal sharply at 5 kHz, downsampled by taking
every other sample, and then computed the autocorrelation directly using
(6). The use of the above method in conjunction with LP analysis haa been
termed "selective linear prediction" [Makhoul 1975b].

8Strictly spcaking, M should be set to 1024 to get an accurate estimate of
the autocorrelation; otherwise, aliasing of the autocorrelation would
occur. However, we have found that such aliasing is negligible in the
region of interest 0<ilp+1 (p=13) for a windowed signal.
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We now summarize the procedure for obtaining an LP model over the 0-5
kHz region, with preemphasis. We compute the autocorrelation R(i),
0<ilp+1, via one of the two methods presented above, depending on whether
F=10 or 20 kHz. We then compute the autocorrelation R°(i) of the
preemphasized signal using (4). The predictor coefficients are then
- computed from (1) using the following recursive procedure:

Eq = R'(0) (98)
K; = -(R'(i)+;za;i’l)R' (i-3)1/E; 4 (9b)
B wm

st - afttn aib T rgan (sc)
E; = (1-K3) E;_, - (9a)

Equations 9b-9d are solved recursively for i=1,2,...,p. The final solution
is given by

a, = a\P, 1ckep. (9¢)

We have chosen to store on disk the reflection coefficients Ki’ 1<igp, for
every frame. The predictor coefficients can then be obtained, if needed,

using the recursion in (9¢c).

The all-pole LP spectrum S(k) can be computed from:

EP
S(k) = : ! 0<k<L-1 , (10)
p -t
1+ L a_ e i
n=1

where Ep is the minimum total LP error obtained in the final recursion from
(9d), and L is the total number of equispaced frequency points that are
computed on the unit circle. In reality, we need compute only L/2 points,
which cover the 0-5 kHz region. In our system, we have chosen L=256, and
therefore the frequency spacing between spectral values is 39 Hz. S(k) in
(10) is computed efficiently by dividing Ep by the spectrum of the sequence

~he
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1, a1, az, A which is obtained by taking the magnitude square of the

p'
FFT of this sequence, with an appropriate number of zeros added to form a
total of L points. The all-pole spectrum S(k) is used in the ~omputation of

several parameters, as we shall describe below.
(3) Spectral Energy Parameters

We compute the following parameters, which depend on the spectral
energy in different frequency bands of the all-pole spectrum S(k):
ROP = g?ﬁgl energy in the 0-5 kHz band of the preemphasized spectrum

LE = g?ﬁggy in the 120-440 Hz band of the non-preemphasized version of
MEP = Energy in the 640-2800 Hz band of S(k).

HEP = Energy in the 3400-5000 Hz band of S(k).
CM75 = The frequency above which 75% of the energy in S(k) is contained.

In particular, we use the following equations to compute the first four

parameters:
ROP = 10 log10 R'(0) , (11)
11 21k
LE = 10 logy, I S(k)*O.S/[l—cos(—E—)l ' (12)
k=3
72
MEP = 10 log I 8(k) ., 1
10, %6 (13)
128 s
HEP = 10 log £ Ss(k) . ik
10 e (14)

The P in ROP, MEP, HEP, means "preemphasis". The only parameter that uses
the "deemphasized" spectrum is LE, and the extra term in (12) performs the
deemphasis function, which amplifies 1low frequencies relative to high
frequencies using a real pole at z=1.

We note here that the process of preemphasis tends to remove
low-frequency noise, which is prevalent in many environments. Since the LP
analysis is performed on the preemphasized signal, the LP spectrum is not
affected much by low frequency noise. Now, the deemphasis in (12) 1is
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performed on the LP spectrum, and not on the original spectrum. As a
result, LE is relatively independent of low frequency noise, or at least
less dependent on it than would have been the case had we measured it from
the signal spectrum directly.

(4) Formant Extraction

Our formants are extracted from the poles of the all-pole spectrum

S(k). The poles are computed by finding the roots of the polynomial

=k

%
A(z) =1+ L ayz . (15)

k=1
We have written a special routine that computes these roots efficiently by
making good initial estimates of the poles and their bandwidths from
spectral peaks, and then using a Newton-Raphson iteration. The resultant
poles are then converted to the s-plane by setting each pole
z = exp(sk/F), where s =2 (hk’JFk) is the corresponding pole in the
s-plane; fk is the frequency of the pole and hk is its half-bandwidth. If

aroot z =2z +jz

K e i then:

k

e
arctan ki
Zxr

N
2™

(16)

2

_F 2
h o= 9= log(zkr-+zki).

k

The computed poles are then used as the raw data for the formant

~extraction routine. The routine uses a minimum of contextual information,

enabling it to track formants left to right through an entire utterance.

(Though computed everywhere, those formant values extracted within

obstruent regions are neglected by the APR and Verifier.) The formant
extraction procedure for a single analysis frame follows.

a) a list is made of all les with rreguency between 150 Hz and 3100 Hz
and half bandwidth less than 750 Hz. They are sorted in order of

increasin frequency. Pole frequencies will be denoted as f(1),
44 ,...gi ;, and the corresponding half bandwidths as h(1),
geeoe .

b) F1 is chosen to be f(1) if £(1) is below 900 Hz. If f(2) is within 150
Hz of f(1), and less than 950 Hz, and if its half bandwidth, h(2), is
much less than h(1), that is,
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if (£(2)=-£(1))*4 < (h(1)=h(2))

F1 is set to f(2) instead. If there are no narrow bandwidth poles beiow
900 Hz, there is no F1.

c) If there are only two poles remaining, they are assigned to F2 and F3.
In this case processing for this frame is finished.

d) If there are more than two rennininf golea, thO{ are re-sorted in order
g{ tf.ncreasi.ng bandwidth. The first two are put in a separate "working"
st.

e) A loop to find F2 and then F3 starts here.

f) The lowest frequency pole in the working list is assigned to the
current formant.

g) If the formant just set changed by more than 500 Hz from the
preceding frame, then the distance between the new value and the
preceding value for the adjacent formant is computed. To do this,
we let F,(n) denote the value of the ith formant picked for frame
2£h }he diétance will then depend on the sign of the change in the

ormant :

if Fi(n)-Fi(n-1) >0 Fi(n)-Fi(n-1) <0
then the
distance
equals

If this distance is too small, that is,

if Distance®4 < |F,(n)-F,(n-1)|
and there are more poles remaining then the next lowest bandwidth
pg%g 1: ad?e? to the working list and the 1loop is started again
W step (e).

h) If f(i) was just assigned to Fg and f(i+1)-f(i) < 150 Hz, and has
much narrower half bandwidth, hat is

if (£(1+1)=£(1))®%4 < h(i)-h(1i+1)
then f(i+1) is assigned to F3 instead.

i) The pole just assigned to F2 or F3 is eliminated. Try to find the
‘next formant (i.e. Go to step (f).)

If the average non-zero FO for the utterance is greater than 150 Hz,
then the values used for formant thresholds in steps (a) and (b) (900 and
950 Hz for the highest F1, and 3100 Hz for the highest F3) are determined
according to the average FO [Schwartz, 1971]. F4§ for the entire utterance
is set to 3100 Hz in order to facilitate the continuity test on F3 in step
(8).

After the formants are computed, they are smoothed using a three point
median smoothing described by Tukey [ 1974] and discussed by Rabiner, et al.
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[1975]. This smoothing eliminates most of the errors, without eliminating
the fine detail of sudden formant transitions. We found that when median
smoothing is followed by a 3-point (1/4-1/2-1/4) Hanning window smoothing,
too much of the fine structure in the formant transitions is lost, so we do
median smoothing only. Although this formant extraction routine is fairly
simple, it has resulted in reasonable formant tracks.

(5) Fundamental Frequency Estimation

Fundamental frequency is estimated for each frame using the
downsampled center-clipped autocorrelation algorithm described by Gillmann
[1975] with only minor changes. F0 estimation for fundamentals on the
order of 100 Hz requires a wider window than the 20 ms width used for the
other parameters; a 50 ms window is used, extending 10 ms before and 20 ms
after the window used for the other parameters.

The speech waveform is digitally lowpass filtered, downsampled to a 2
kHz sample rate, center clipped, and then 50 ms windows are autocorrelated.
The autocorrelation function is examined for peaks. A peak of sufficient
amplitude must be found for the frame to be considered voiced. If more
than one such peak is found, the peak whose lag is closest to a running
average of lags of previously found peaks is picked as representing the
pitch period. A 3-point interpolation is used to get a finer estimate of
the peak 1location. The "raw" FO values obtained every 10 ms as described
above are then smoothed by a 3 point median smoother, to eliminate isolated
voiced or unvoiced points.

(6) Timing

All parameter computations are performed in floating point on our
PDP=-10 TENEX time-sharing system. The time taken to compute all
parameters, including pole-root finding and pitch extraction, is 55 seconds
per second of speech.

-8—
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B. ACOUSTIC-PHONETIC RECOGNITION

dntrodyction

This section describes the Acoustic-Phonetic Recognition (APR)
component of the BBN Speech Understanding System (HWIM). Its main purpose
within the system is to produce as good a transcription of an utterance as
possible, wusing various time varying parameters derived from the digital
waveform and short-time spectra, (e.g., energy, formant frequencies). This
transcription is used by the Lexical Retrieval component (Vol. 3, Sec. D)
2 in determining the sequence of words making up the utterance.

Acoustic-phonetic as well as phonological knowledge of English is employed
- extensively.

P g o

[

P

This section is divided into four parts. The first part presents the
basic approach of the APR. The second part describes the state of this
component as of October 12, 1976. The third part reports some performance
- statistics for the APR component as of the same date. The fourth suggests
- some long-term and short-term improvements that might be made.

1. AER Approach

Acoustic-Phonetic Recognition (APR) in HWIM consists of three basic
tasks: SEGMENTATION, LABELING, and SCORING. SEGMENTATION is deciding
where the phoneme boundaries are. LABELING is determining a rough phonetic
characterization of each segment produced by the segmentation phase. (Note
that the distinction between these two phases is not always clear cut.)
. SCORING is determining a score for the correspondence of each phoneme
possibility for each segment.

[rm—

1.1 Segment Lattice

|
H
{

One of the most important aspects of the APR is the use of a data
structure called a a Segment Lattice, in order to reduce the chance of
segmentation errors. Such a lattice provides alternative segmentation
paths (i.e., sequences of segments) in those cases where the correct
segmentation is unclear. Fig. 1 illustrates alternative paths spanning a
given time region.

]
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Fig. 1. Segment Lattice.

For further definition and justification of the use of a segment lattice
see Schwartz [1975].

1.2 Multiple Pass Strategy

Because the acoustic characteristics of a phoneme vary greatly with
its context, it is very helpful to know the nature of that context when
making any decision in the construction of a segment lattice. Since
context is not available initially, one way to approximate it is to employ
a multi-pass APR strategy. Each pass, in general, consists of four steps:
initial segmentation, initial labeling, adjustment of segment boundaries,
and relabeling. Boundaries are adjusted to correspond to reliable acoustic
events. The acoustic events examined in subsequent steps are determined by
the results of the initial labeling. Relabeling is then performed using
the adjusted boundaries. Each pass operates on regions demarcated by the
segmentation in the previous pass, performing more detailed segmentation
and labeling by using the more detailed contextual information then
available. In this way, acoustic-phonetic rules for segmentation and
labeling can be designed for specific phonetic environments.

1.3 Boundary Confidences

While adding optional paths to a segment lattice greatly increases the
probability that the "correct" path is represented, it also increases the
ambiguity facing the Lexical Retrieval component. In order to partly
alleviate this problem, one can include a confidence measure for each
boundary in the lattice. If the boundary confidences are then combined
with the phoneme-based word match scores (provided they correlate well with
the likelihood that the boundary is part of the "correct" path), the word
matcher will be better able to choose between the many possible paths
through the lattice. In order to compute boundary confidences, a parameter
corresponding to the evidence of a boundary is used. For example, the
depth of a dip is a good indicator of its reliability as a boundary.

-10-
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1.4 Experipentation

The parameters, thresholds, and probability density distributions used
by the APR program have been determined using the data in a large data base
of hand-labeled wutterances, with the aid of the Acoustic-Phonetic
Experiment Facility (APEF). This provides a highly interactive environment
for performing a wide variety of acoustic-phonetic experiménts. As the
basic facility has already been described in an earlier publication
[Schwartz, 1976], it will not be described here. This approach of using an
APEF assures that the algorithms developed are realistic and within the
capabilities of a computer program.

Since publication of the paper describing this facility, several
modules have been incorporated that enable a user to design and test
non-parametric -mult i-dimensional probability distributions that
discriminate among a set of phonetic classes. The probability
distributions thus derived are then transferred directly to the APR program
for use in "selective modification™ as discussed in Section B.1.6.

1.5 Probabilistic Labeling

An important factor in designing the APR program was optimizing its
interface with Lexical Retrieval via the segment lattice. This was done
through the use of probabilities, which though hard to estimate accurately,
do afford a well-defined formalism for manipulating and combining scores.
In an effort to maintain maximum flexibility in this interface, each
aegnen€ label consists of an independent score for each possible dictionary
phoneme [See Appendix 1]. For our current system, in which 71 different
dictionary phonemes are used, there are 71 different scores. Each score
represents the probability densities of the relevant acoustic feature
values, given that that phoneme is the correct one, divided by the
unconditioned probability of those values. That is,

P(Acoustic features values | Phoneme)

P(Acoustic features values)

This form 1is used because it is theoretically easy to compute and can be
combined with similar scores using Bayes’ Rule.
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However, computing these probability densities based on all relevant
features (of which there is an unbounded set) would be a tremendous task.
Therefore, we have created a large set of acoustic 1labels under which a
segment can be classified. [See Appendix 2] These labels are intended to
map largely into dictionary phonemes, or classes of phonemes, but they are
distinct from the dictionary phoneme set. Using these labels, the segment
scoring approximation then becomes:

P(Label | Phoneme)
P(Label)

These probability ratios are contained in a long-term ph/lab confusion
matrix. Thus, in our current system, if the label on a particular segment
is Label-j, then there are 71 different phoneme scores for that segment,
where each score is:

P( Label-j | Phoneme-i )

...... for i = 1 to 71
P(Label=-j)

we gather these scores by looking at a large amount of speech which has
been run through the APR program. The numerator, P( Label-j | Phoneme-i),
is equal to the number of times that Label-j was used to label an instance
of Phoneme-i (in a one-to-one match), divided by the total number of
instances of Phoneme-i. The denominacor, P(Label-j), is just the number of
times Label-j was used for any phoneme, divided by the total number of
instances of any label.

It is desirable to compute the score based on actual observed acoustic
feature values, since differences in an acoustic feature that do not cause
a change in the segment label are still relevant and can be incorporated in
the final score for a phoneme. To do this we employ a technique that we

call gelective modification.
1.6 Selective Modifjcation

Depending on the original segment label, a small percentage of the

dictionary phoneme scores may be re-evaluated (i.e., gelectively modified)
using particular acoustic feature values extracted from that segment. For
instance, the scores on the unvoiced plosive phonemes are computed using:
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a) Burst Frequency (parameter CM75 measure at the burst)

b) VOT éghe measured time between the burst and the following voiced
soun

c) F%—FZ (measured 2 frames before the silence) - for those unvoiced
plosives that appear to be preceded by a sonorant.

d) Energy in burst (ROP measured at the burst).

Using this set of four features, the probability ratio:
P( feature set | Phoneme-i )

P( feature set | Phoneme is an unvoiced plosive )

is estimated using a non-parametric probability density estimation
technique.

There are three different situations, each requiring a different type
of score modification. The simplest case is when the label is very
unlikely to be used for the phoneme(s) of interest. For example, if the
label is one that indicates a vowel or glide, then all the unvoiced
plosives are very unlikely. In this case, it is not worth the computation
to make a small adjustment to these scores which are already very low.
Therefore, the score on the unvoiced plosive phonemes is unchanged from the
confusion likelihood:

P( Label-j | Phoneme-i )
P( Label-j )
For those labels that are not unvoiced plosive labels, but are close enough

to warrant modification to the unvoiced plosive phonemes (e.g.,
VPLOS,BV,PB,FTH), the score on each unvoiced plosive phoneme is:
P( Label-j | Phoneme-i )

MOD
P( Label-j )

The most modification occurs when the label used by the program indicates
some combination of unvoiced plosive phonemes (labels like PK, T, RETPLS).
Some of the acoustic features used to decide among the several unvoiced
plosive labels are the same acoustic features used to compute MOD. In
order to avoid using the same information twice, the scores for the
unvoiced plosive phonemes in this third case are:
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P(Label=unvoiced plosive|Phoneme=zunvoiced plosive) . sas

P(Label=unvoiced plosive)

1.7 Context Dependency

Our multi-pass segmentation and labeling scheme gives us some sense of
the phonemic context of each segment in the lattice. However, relying on
this apparent context with possibly incorrect hypotheses about the identity
of the adjacent segments may lead to labeling errors. In cases where these
hypotheses are more likely to be incorrect, it is advantageous to consider
all possible relevant contexts, and compute different results for each
postulated context.

b4

For example, two of the features used to distinguish among the
unvoiced plosives [P,T,K] are burst frequency and voice-onset-time (VOT).
However, when an unvoiced plosive is followed by {R], then burst frequency
and VOTﬁqre considerably different from the case where it is followed by a
vowel. xSInce some of the [R] transition is often unvoiced when it follows
an unvoicéd plosive, it is not always possible to determine absolutely
whether the plosive is followed by a vowel or by [R]. Therefore, we might
consider two (or more) allophones of each plosive; one followed by vowels,
the other followed by [R]. For instance, the score on [T R] would be the
probability that the relevant acoustic parameters have their particular
values, given that the phoneme this segment represents is a [T] and that it

is followed by [R].

When used in word matching, only the score of the appropriate
allophone of [T] need be examined. These allophonic variations can be
compiled into the dictionary using the same procedure developed for
application of generative phonological rules [See Vol. III, Sec. B]. Of
course, one wants to minimize the number of different allophones that need
to be considered, but a reasonable balance can result in a large
improvement in word matching. In the remainder of this section the terms
"dictionary phoneme" and "allophone" will be used interchangeably.

-1k-
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1.8 Speaker Normalization

In developing the APR component, we have not incorporated decision
thresholds based on speech characteristics measured on each 1individual
speaker. We have 1instead based the APR decision logic on a data base of
utterances by several speakers. Specific measurements are generally
adaptive to the utterance being processed. Formants are normalized
according to the average fundamental frequency for the utterance [Schwartz,
1971], and most thresholds on energy are relative to minimum or maximum
values measured from the utterance itself. We feel that by taking this
approach, we might be more likely to find those acoustic cues which are
applicable to the speech of many speakers.

The data base from which the APR was developed consists primarily of
sentences spoken by five male speakers. The table below indicates the
linguistic background of the speakers.

Speaker Age Height Geographical Origin

DHK 38 62" whitefish Bay, Wisconsin
DWD 33 6°yn Suburban St. Louis, Mo.
JJW 34 6°0" Suburban Philadelphia
RMS 26 5°10" New York City

WAW 34 5°10" Charleston, W.Va.

2. Acoustic-Phonetic Recognition Progranm

HWIM’s current APR component embodies most aspects of the approach
described above.

2.1 Agoustic Parameters

Table 1 gives the parameters currently used by the program. The "z©
in the first three parameter names indicates that the parameter has been
smoothed by a 3-point (1/4-1/2-1/4) zero-phase filter. For a more detailed
definition of these parameters, see Section A.

-15-
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HEPZ

ROP

F1

FO

CM75

ZC

Definition

Smoothed energﬁ,in the
region from 120-440 Hz.

Smoothed energy in the
reemphasized spectrum
rom b40-2800 Hz.

Smoothed energy in the

green hasized spectrum
rom 3400-5000 Hz.

Energy in the
preemphasized spectrum

Formant frequencies

Fundamental frequency

"75% center of mass"
indicates rough
spectral shape.

Zero crossings

Bolt Beranek and Newman Inc.

Use of Parageter
Sonorant obstruent segmentation,
aid in voicing decision on fricatives

Seémentation of non-vowels
within sonorant regions.

Segmentation of non-vowels
within sonorant regions.
Unvoiced-plosive detection.

Burst location, plosive and fricative
identification, and many others.

Detecting glides and nasals within
sonorant regions, segment ing vowel
regions, labeling vowels and glides.
Formant transitions are used

for labeling consonants.

Normalizing formants, aid in
voicing decision.

Used in identifying fricatives
and unvoiced plosives.

Helps in detecting the end of
the utterance.

Table 1. Parameters used by the APR.
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2.2 APR Procedure

The program begins by applying a general dip detector to each of the
three wide band energy parameters. Then, the whole utterance is segmented
into sonorant regions and obstruent regions, based on the dips found in the
low frequency band. Dips found in the middle and high frequencies are
taken as an indication of possible nasals, glides, or voiced obstruents
(e.g., V,DH,HH,DX). Within regions initially classified as obstruent, the
dips in the high frequency band are used to segment strident fricatives
from plosives and weak fricatives. The plot in Fig. 2 shows the result of
this preliminary segmentation for the utterance "I will fly to San Diego".
The horizontal axis represents time in seconds. Directly above the time
axis is a manual transcription of the utterance, and above that are the
three wide band energy parameters. Superimposed on each is the result of
the dip detector. At the top is shown the first stage segmentation.

This preliminary segment lattice has no branching and only
distinguishes among a few broad categories. Some of the regions generated
by this initial phase contain more than one phoneme, so within each region,
parameters specific to the type of region are used for further segmentation
and labeling.

Following this first phase, an ordered set of 35 region-specific
acoustic-phonetic rules is applied to the lattice. The main body of the
APR procedure consists of tpese rules, which delete branches, add branches,
and change or narrow the label on any segment. While these rules are not
defined in any rule formalism, being arbitrary BCPL programs, they are
thought of as such because of their method of application. Each rule
depends on previous rules having been applied beforehand and applied over
the entire utterance wherever appropriate. Two examples of simple rules
are given below.
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Rule 7d: lipsmack

Sometimes, at the beginning of an utterance, when the speaker opens
his mouth to begin talking, there is a short noise or click, usually due to
the tongue or 1lips. This comes out as a short high frequency period
followed by silence. Since an English sentence cannot start with phonemes
that would 1look like a short fricative followed by a silence, this can be
easily detected and eliminated.

// Check for Lip Smack at beginning, defined as a short
// FRIC followed <ns1:XMLFault xmlns:ns1="http://cxf.apache.org/bindings/xformat"><ns1:faultstring xmlns:ns1="http://cxf.apache.org/bindings/xformat">java.lang.OutOfMemoryError: Java heap space</ns1:faultstring></ns1:XMLFault>