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Preface

The technology base of the AFIT Signal Processing Lab has grown
at an incredible rate. In this author's opinion, future graduate stu-
dents could well spend their entire thesis quarter becoming familiar
with the work that has preceded their own. In hope to ease this
familiarization time, the programs used in this thesis, have been
documented with a follow-on user in mind, and it is honed sufficient
background development for the reader to be able to appreciate and
understand the problems associated with speech processing.

With basic understanding of the Signal Processing Lab Computers,
the CLI (Command Line Interpretor) instructions, and the Superedit
instructions; this thesis should guide follow-on efforts to further
analysis, by similar methods,

The 1981 graduate students were fortunate to be the first
generation users of a computer-interface to a Cromemco A/D and D/A
Converter. (Earlier projects had to have A/D processing done at other
support labs.) This convenience brings with it a responsibility to
develop well documented procedures for use of this equipment; such an
attempt has been made in this thesis report.

This research resulted from a suggestion by Dr. Matthew
Kabrisky, Professor of Electrical Engineering at the Air Force Insti-
tute of Technology. Tne research is a processing technique to extract
features (or characteristics) that are important in analyzing gravity
distorted speech.

I owe thanks to Dr. Kabrisky for his suggestions and help

during this work.
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A special thanks is also due Captain Larry Kizer, who is pri-
marily responsible for the AFIT Signal Processing Lab. Only small
parts of this work could have been completed without this extremely
well-planned facility.

Finally and most importantly, I wish to thank my wife/friend/
partner/lover: Marsha. Without her support, encouragement, confi-

dence, and understanding, this study could have been started but never

finished.

J. Calvin Hunter
Capt USAF
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Abstract

An algorithm to determine energy shift along the time axis was

applied to digitized speech data, which had been recorded at six dif-

ferent gravity levels. The analog speech was recorded during centri-
fuge tests at the Air Force Medic&] Research Lab, Wright-Patterson
AFB, Ohio. The data was then digitized, Fourier transformed, high
frequency preemphasized, channel compressed, and energy-normaiized.
The processed files were checked for time-duration of each word in
both the time and frequency domain. Large time-duration differences--
up to 200 msecs--were recorded; but there was no statistical mapping S
pattern of distortion versus gravity level. Time distortion of the ]
speech energy within a given gravity level was as significant as the

distortion between gravity levels. The results indicate that no

additional time-warping considerations will need to be made, within
the speech recognition algorithms, to compensate for gravity fluctua-

tions.
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TIME AXIS
ANALYSIS OF GRAVITY
DISTORTED SPEECH

! I Introduction

Background

¥an took to the air by brute force. He used his eyes for

orientation and his muscles to maneuver the aircraft by altering the
flight surfaces. Even in today's accelerated technology, not much has
changed: hydraulic devices ease the flight surface altering proce-
dures; and instruments give accurate position information; but touch
and sight are still the only human functions which are used exten-
sively in powered flight.

\ Current-generation, single-pilot aircraft stress the human

motor responses to the point that the aircraft "cannot be flown during

full combat maneuvers" (Ref 8). The button pushing, switch moving,

and dial turning must be replaced with alternate functions.,
Present\sfforts are attempting to explcit one other human

; function-fsééecho If voice commands can be recognized by machines,

{ these commands could more effectively activate many modern aircraft
i;i cockpit procedures which are now perfermed by sight and touch.

§ The major problem with Qroggssing speech is that speech must be
1 processed; not some smooth, predictable waveform. The energy produced
by the human voice poses an enigma in the world of signal processing.

The energy which forms the fundamental sounds (or phonemes) of speech

‘ are the component parts of all words in all languages. Phonemes can




be combined in different ways to produce any vocal sound. The number
of phonemes varies, not only from one language to another, but within
any given language. For instance: the word 'bottle', as pronounced
in some parts of the Norfheast, contains a glottlestop (a glottlestop
is a sound within the larynx which results from a rapid closure of the
glottis); or in the South, the vowel 'i' has a distinctively flatter
sound than in other areas. Disregarding these occasional anomalies,
English contains approximately 42 phonemes.

The different phonemes are produced by variations in the speech
apparatus. The parts of this 'instrument' are the lungs, the larynx,
the pharnx, the nose, and the mouth (see Figure 1). The lungs produce
an airstream which passes through the glottis (the cleft or opening
between the vocal folds, or vocal cords, at the upper orifice of the
larynx). The vocal folds vibrate at a frequency determined by their
mechanical properties (taughtness, length, and mass and by the air
pressure in the lungs. The acoustical pressure then passes through
the pharynx, into the mouth and out. The velum (or soft palate) opens
during certain sounds, such as nasalized vowels, and allows the air to
also pass out through the nose.

The speech apparatus can be configured in three different ways,

giving rise to three different phoneme types. First, the vowel sounds

result from the periodic opening and closing of the vocal folds by the
lung air pressure and the laryngeal muscles. As the vocal folds open,
the velocity of the air from the lungs reduces the air pressure be-

tween them. They then close, causing another build-up of air pressure

in the lungs. The rate of this cycle is the fundamental frequency, or
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Figure 1. The Human Vocal Tract (Ref 9)
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pitch of the voice. Secondly, the fricative sounds, such as 'f', 'sh',

'th', 's', 'z' are aperiodic or noise-like sounds. They result from
turbulent air flow between the upper teeth and the lower lip, tongue,
or lower teeth. The combination of the first two phoneme types, that
is, a periodic sound and a noise-like sound, produce sounds such as

‘v'!. Thirdly, the plosive sounds, such as 'p', 't', 'k' are bursts of

acoustic pressure. The forward parts of the mouth (tongue, lips,
and/or teeth) release this energy by suddenly opening and freeing the
built-up air pressure.

~The vocal tract can then be considered to be a variable
acoustic resonator, which is about 17 c¢cm long. As with all acoustic
resonators, the sounds which will transmit through it are highly de-
pendent on frequency (the sounds that correspond to the resonant
frequencies are transmitted at a much higher amplitude than those
that are far from resonance). The important frequencies are those
which have integer multiples of 1/4 wavelengths which will fit
exactly within the length of the vocal tract (17 cm). These reso-
nances or formants are at: 500 Hz (1/4 wavelength), 1500 Hz (1/2
wavelength), 2500 Hz (3/4 wavelength), and 3500 Hz (1 wavelength).
(NOTE: Some freguency transmission continues up to approximately
10 kHz.)

To digitize human speech, a sampling rate must be used which
is high enough to capture all of these resonant frequencies. For a
minimum of two samples per cycle (Nyquist sampling criteria), a
sampling rate in excess of 7 kHz is required.

The above information provides a basis for data capture and
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data anaiysis of human speech phonemes; leaving two important
questions: 1) Do phonemes contain the essence of speech intelligi-
bility? 2) Can normal signal processing and measurement processes

such as Fourier Transforms extract the characteristics (or features)

of phonemes? The answer to both questions seems to be: ‘yes' (Refs 1;
6). Based upon that assumption, the AFIT Signal Processing Lab is con-
centrating on phoneme characterization, phoneme processing, and phoneme
based recognition processes. The assumption seems well founded since
these speech sounds are the energy which the human ear processes in

its speech recognition function.

Phoneme~based methods are among those found in the ten or more
speech recognition units, which are presently available on the market.
These units are single-word recognizers with recognition rates of
95-99%.

Unfortunately, these impressive recognition rates decrease
rapidly outside of an ideal lab environment; such as an aircraft
cockpit, where speech is corrupted by two major factors: noise and
gravity fluctuations. Much work has and is being done on the effects
of noise and how to best counter it. Communication fields, unrelated
to speech processing, have contributed many of the breakthroughs in
noise cancelling. Much more research is needed, however, in the
specific problems that the human voice produces. Unlike noise, the
second problem is unique to the aircraft cockpit: the distortion of
speech which comes from increased gravity during flight. These in-
creased G's can approach six or seven times that of normal gravity.

This applies excessive stress to the entire body. Two possible
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sources of distortion exist: 1) The vocal system or the oxygen mask/
face combination could physically distort, which would cause frequency
shifts; these would occur if the mechanical properties of the vocal
tract, face, or oxygen mask were to change. 2) The stress on the body
could make it more difficult to speak. If this is the case, the fre-

quency would be relatively constant; but the time which it takes to

make certain sounds would change,

Summary of Current Knowledge a
Only one other study has attempted computer decoding and ana- |
lysis of G-stressed speech signals (Levine, Ref 4). The data was
insufficient and uncontrolled, which led to inconclusive results. T
However, the excellent research methods produced evidence of a tendency

toward a time shift (or slowing of the speech) as the predominant dis-

tortion.

| Objective

The objective of this study was to provide a systematic and

documented method for extracting the features, or characteristics, of
G-stressed speech. Thereby providing the tools for further study;

and providing verification of the results reported by Levine, which
fﬁ‘ really must be considered anecdotal because of the small data set.

4 The reason for this objective is that an extensive amount of data will
need to be processed tc totally verify the source and extent of the
distortion. Without a systematic method, the same processes could be

repeatedly performed. Positive results would produce a mathematical

expectation and representation of this distortion., With that
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information, a speech processing/recognition algorithm could reasonably
be expected to counter the distortion.
1) Speech does not distort under gravity loads in any predictive way;

or 2) The distortion is not speaker independent, nor can it be made to
be so. If either of these conditions are found, and the distortion is

extensive, current technology offers no certain immediate solution.

Scope

The data was limited to a 15-word vocabulary from one subject.
This was principally done to rule out effects of speaker independence,
for the initial study.

gravity levels was then processed for feature extraction.

Approach

This research was divided into four main areas:

1.

Data Acquisition

a. Original Recording

b. Editing

c. Analog-to-Digital Conversion
Data Reduction

a. Discrete Fourier Transform
b. Channel Compression

c. Spectrogram Production
Feature Extraction

a. Word Length

b. Frequency Length

Final Analysis

Negative results would be:

Utterances of each word at six different




Assumptions

The only perceived hope for a solution to the speech distortion
and classification problem is digital-computer-processing techniques.
The extent to which speech must be processed, to make it a manageable
sized data set, raises questions of maintaining the signal integrity;
especially since many of the procedures are not truly reversible (for
instance: a Fourier Transform process which saves only the magnitude
cannot be inverted because the phase information has been discarded.)
Care must then be used to insure that the techniques involved do not

impose information onto the signal that might later be recognized as

distortion during signal evaluation.




11  Data Acquisition

Original Recording

BRRE Oy, SedsE il

The data tapes were produced by the Aerospace Medical Research
Laboratory (AMRL), Wright-Patterson AFB, Ohio. Three subjects repeated
a 15-word vocabulary at 2G, 3G, 4G, 5G, and 6G. Regrettably, only one
subject established a "baseline" at 1G; without a "baseline", the data
from the other two subjects was useless for the initial study. The
words used for the test were: 0, 1, 2, 3, 4, 5, 6, 7, 8, 9, frequency,

enter, CCIP, threat, step.

Editing

The original tapes were recorded on a 4-track, Teac 40-4, at
15 IPS. They were edited onto a 4-track, Ampex-700, at 7-1/2 IPS.
The speech data was recorded on channel 1, and the editing notes on

channel 2. The speed reduction and the elimination of nonspeech in-

formation reduced the 17 original tapes to three edited tapes.

Analog-to-Digital Conversion

The audio system of the Signal Processing Lab was connected as
shown in Figure 2 (for configuration see Appendix Al). The sampling
rate was 8 kHz with lTow-pass filtering at 4 kHz to prevent high-
frequency aliasing (the filter blocked higher frequency harmonics
while not attenuating any important speech information).

The program used to digitize the data was "audiohist" (sze
Appendix B2), which was produced in concert with Capt Paul Finkes

(Ref 3). A simplified look at "Audichist" can best be seen by studying
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program "Audio", which details only the digitizing function (see
Appendix B1). "“Audiohist" added voltage-level checks, editing of the
file size, and histogram production (see Figure 2).

The original digitized file size was 88 disk blocks. These were

256 integer word blocks, for a total word length of:

Word length = 88 X 256 = 22528 integer words (1)

Sampling at 8 kHz made the original file time length:

Time length = 22528/8000 = 2.82 seconds (2)

Most of the words were less than one second long, but the tape-
recorder-turn-on time and coordination with energizing the computer
sampling function required a longer sampling window. The files were
then checked for clipping and edited to 24 blocks or 0.77 seconds in
length. Both of these processes were performed from within "Audio-
hist." (NOTE: The word "CCIP" was the longest word and had to be
extended to 32 blocks. Because of the difficulty which this block
length inconsistency posed, "CCIP" was eliminated from the initial
analysis. It could have been included and treated as a singular case,
but that seemed inefficient for first-time testing. The files then
consisted of 6144 discrete amplitude values (24 blocks X 256 words =
6144 words) that were spaced 1/8000 of a second, or 125 usec apart.
The voltage range of the A/D Converter in the Cromemco is %5

volts. These voltage amplitudes were stored as 12 bit, two's

11




complement, binary numbers; with the most significant bit (MSB), which
is the sign bit, extended to fill the full 16 bit integer word of the
Nova Computer. This leaves 11 bits to contain the voltage values. If i
all 11 bits are set, the full dynamic range of the sampler has been }
reached, and higher values will be clipped. |

The full-range values decode as + 2047,, (which is + 2]]-1). ;
So:

+5.0 volts = 2047 (3)

+1.0 volts = +2047/5 = +409.4 (4)

(NOTE: The internally-stored, computer representation of the analog

voltage values is in two's complement form; therefore, the transforma-

tion shown in equations (3) and (4) must be used to properly recover

the actual voltage values.)

A1l of the filenames, G-~levels, words, and original tape

numbers for subject 'C' are in Appendix A2. There were three subjects:

'C', 'M', and 'S'; 17 data tapes, one or two word series (depending on

G-level); three to five runs per series (depending on G-level); and

seven or eight words per series. (The runs were individual events, or

spins, in the centrifuge. The word series were different ways in

which the words were ordered for presentation to the pilot on the

visual display.) Alist of all filenames for all words is in Appendix A4,

12




Each word was assigned a different filename. The general file-

name format is either:

X X X X X X

‘ l— word position in the series
1
run number ‘

series number ]

tape number

subject identification

or

X X X X X X
‘ L— word position in the series
word abbreviation

'T' (for training)

tape number

subject identification

Example: If Subject 'C', on tape number 3, during series 1, run 2,
said the word of interest as the seventh utterance of that run and

series, the filename would be: ]

c 03 1V 2 7

or, if the word of interest was 'enter' ard the utterance was the

13




fifth one during the training mode, the file name would be:

e —_—

C 03 T E 5
.‘ ' 4
4 The filenames are rather complicated, but were formatted as a refer-
ence to the original tape documentation (see Appendix A3).
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I11 Data Reduction

Discrete Fourier Transforms (DFT)

The first data reduction step, after editing, was to find the
frequency content of the words. A Hanning Window was initially con-
sidered because of its advertised reduction in high frequency aliasing;
but since Neyman (Ref 5) reported no increased performance with this
window, a Rectangular Window was used for simplicity.

Performing a DFT on the speech files is equivalent to passing
the words through a bank of audio filters and noting the amplitude
value of each filter. The DFT operation is incorporated in program
"FT32V" (see Figure 3 for flowgraph; and Appendix B3 for program list-
ing). The 24 block, or 6144 element, speech files were DFT processed
at a rate of 64 elements per "Call' to 'DFT4' (DFT subroutine). The
64 element output, from ‘OFT4’', has only 32 unique values: The first
element is the DC content of the speech file; the next 31 elemental
amplitudes (or frequency amplitudes) are integer multiples of 125 Hz,
ranging from DC to 3875 Hz (see Table 1). The frequency separation is

found from:

Sampling Frequency

T Elements Processed ~ |reduency Separation (5)
or specifically:
B—ms’%ﬂ = 125 Hz (6)

15
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TABLE I

Elemental Frequency Values of DFT Process
Program 'FT32V'

FREQUENCY
FREQUENCY
FREQUENCY
FREQUENCY
FREQUENCY
FREQUENCY
FREQUENCY
FREQUENCY
FREQUENCY
FREQUENCY
FREQUENCY
FREQUENCY
FREQUENCY
FREQUENCY
FREQUENCY
FREQUENCY

(1) = 0.00Hz  FREQUENCY (17) =
(2) = 125.00Hz  FREQUENCY (18) =
(3) = 250.00Hz  FREQUENCY (19) =
(4) = 375.00Hz  FREQUENCY (20) =
(5) = 500.00Hz  FREQUENCY (21) =
(6) = 625.00Hz  FREQUENCY (22) =
(7) = 750.00Hz  FREQUENCY (23) =
(8 = 875.00Hz  FREQUENCY (24) =
(9) = 1000.00Hz  FREQUENCY (25) =
(10) = 1125.00Hz  FREQUENCY (26) =
(11) = 1250.00Hz  FREQUENCY (27) =
(12) = 1375.00Hz  FREQUENCY (28) =
(13) = 1500.00Hz  FREQUENCY (29) =
(14) = 1625.00Hz  FREQUENCY (30) =
(15) = 1750.00Hz  FREQUENCY (31) =
(16) = 1875.00Hz  FREQUENCY (32) =

2000.00Hz
2125.00Hz
2250.00Hz
2375.00Hz
2500.00Hz
2625.00Hz
2750.00Hz
2875.00Hz
3000.00Hz
3125.00Hz
3250.00Hz
3375.00Hz
3500.00Hz
3625.00Hz
3750.00Hz
3875.00Hz

17
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The size of one of the time slices (of 64 elements) is:

64 X 125 usec = 8 msec (7)

This time-slice size is less than the shortest possibie identifiable

speech sound (which is approximately 10 msec). The block length of

each time slice is:

256 words/block
64 words

1/4 block (8)

Saving only the nonredundant DFT elements left 1/8 block. The next
step in Figure 3, logarithmically increased, or preemphasized the mag-
nitude of the high frequency components. The need for preemphasis
arises because of the energy distribution of speech across the fre-
quency spectrum: most of the speech energy is concentrated in the
frequencies below 300 Hz; and above 500 Hz, the energy must be pre-
emphasized to permit energy comparisons with the lower frequencies
on the same scale. Several forms of preemphasis have been used (Refs
5:19-22; 7:669-670), but an increase of 6 dB/octave, starting at
500 Hz was used because it experimentally produced the desired high
frequency highlighting on the spectrograms of the words. Preemphasis
is also believed to closely simulate the processing performed by the
ear thereby treating the data in a more human oriented manner.

The next data reduction step, shown in Figure 3, was channel

compression. Adjacent pairs of the 32 element arrays were combined

18
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and averaged into 16 elements (again a nonreversible process). This

left a file size of 1/16 block. Two copies of this 1/16 block file
were made; one which maintained the original energy of the word and
one which was later energy-normalized. Energy normalization was

;jl accomplished by dividing each element in the file by the square root
of the sum of the squares of all elements--according to Parseval's

relation (Ref 6:125):

_ 2 2 2 \1/2
En = (x1 + XZ +....% X32) (9) ]
where
E = Normalizing energy

x
n

Elemental values of the 32 component
vector produced by 'DFT4'

The normalized vector/array/or file was then found from:

X1
X =(E—+—+..+— (]0)
n
This guaranteed that no single element was greater than one, and that
= the total energy of the file equalled one (1). The step compensated
for energy, or volume, fluctuations that could have arisen from
variances in: record-levels; tape quality; equipment temperature;

ambient air temperature; and most predominantly, speaker energy, or

19
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volume. None of these variances, unless excessive, thwart human
hearing, which suggests that scmething akin to energy-normalization
may be routinely occurring in the function of the ear and brain.

The preceding steps were repeated 96 times to complete the

"
)
!
t
i
¥
i

processing of all 24 blocks (6144 elements), which produced six (6)
blocks of processed data (96 X 1/16 block = 6 blocks). The un-
normalized files were saved directly on disk. The energy-normalized
files were further processed to find the beginning and end of the
word, and suppress the energy of the nonword data, before being saved. 1
(The energy-normalized files had an 'E' prefix added to the speech

filename; the unnormalized files had a 'U' prefix added.)
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IV Feature Extraction ‘

Spectrograms

Spectrograms were produced for data-quality verification; a
step compelled by the extensive processing and the number of non-
reversible processes, which were performed. The spectrograms of the
digitized speech files produced by "SPECGRAM32" (see Figure 4 for flow-
graph; Appendix B4 for program listing) were compared to the ones pro-

duced by previously proven programs (Ref 2). The parameters within

'FT32V' were then tuned for proper high-frequency preemphasis, and non-

word energy suppression. The spectrograms of one utterance of the full
14-word vocabulary are in Appendix C2.

Study of the spectrograms, permitted word identification

through all six G-levels; indicating that a major portion of the word-
identification frequencies were retained. (NOTE: Frequency variance
was not ruled out as a possible source of distortion, at this point;
however, with the initial objective being to find the main source of
distortion, the apparent small variance in frequency was bypassed in
search of greater changes.) 3
The spectrograms showed that the most obvious change in a word
from one G-level to another, was a shift in energy along the time {
axis. This could result from a change in the time needed to say a A

particular word at different G-levels; that is, if the effort required

to say any word was increased from 1G to 2G, thereby requiring more
time to complete the utterance; and if that variance was any calculable
and predictable function, linear or nonlinear then a distortion func-

tion could be defined by that relationship.
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Time Axis Analysis

Initial indications were toward just such a relationship:
Checking a sample utterance of 'ZERO' at 1G and 2G showed that the 2G

word was more than 30 msec longer than the one at 1G. Seemingly, the

energy had shifted--and significantly. Further checks through a small
auxiliary program (not shown here), showed that the average of the word

lengths for the five training utterances of '0' at 2G was also more

than 30 msec longer than the same average at 1G. (Data produced by the
word-start and word-end feature of 'FT32V' was used for this comparison

with a voltage threshold of 1.0 volt.)

Because of the possible significance of this indication, the now
increased need for accuracy, and the fact that 'FT32V' was far too slow
and complex to use for the extraction of this small data set, another
special-purpose program was written: 'FSTART' (see Appendix BS).
'"FSTART' established the word-start and word-end (hereafter referred
to as: word-start/end) voltage threshold by the amplitude of the non-
word noise in the file. Thereby ruling out the effects of noise-level
variance from one file to another. The percent above that threshold,
which would be fdentified as word data, was preset at 75% or selectable
interactively. As a back-up procedure, the amplitude of the frequency
components, produced by 'DFT4', were processed in a manner similar to
the voltage threshold. The difference being that the voltage threshold
level was established by checking each of the 6144 elements in the
speech file for a threshold and word-start/end indication. While the
frequency components were checked for a threshold and word-start/end

indication in 1/4 block increments, and in the frequency domain--

23
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specifically, at the low-frequency end of the spectrum (125 Hz to 375
Hz). Further justification for using this frequency-change-detection
procedure is: 1) From speech plots such as those in Appendix Cl, the
word-start/end would be visually identified by the frequency change
which initially and terminally differentiated the word data from the
noise, and 2) From an audio playback of the words, the word-start/end
would be audibly detected when the amplitude of the word-data fre-
quencies were large enough to be discriminated from the background
noise. 'FSTART' modeled these two human functions, but operated inter-
actively to permit intervention and invocation of engineering judgment
whenever the machine made obvious errors. If the word-start/end had
been properly found, the voltage and frequency checks should complement
each other; large differences could be an indication of a poorly
identified word-length. The threshold percent levels could then be in-
creased to insure that the identified word-length was not miscued by
noise spikes.

Using 'FSTART', the word-length average for the five training
utterances of '0', at 1G and 2G, were again checked and found to be
comparable to the data produced by 'FT32V'., 'FSTART' also calculated
the word variance; that is, the difference between the longest and
shortest word-lengths. (See Appendix C3 for 'FSTART' output.) The
output results are also shown grapnically in Figures 5-18, for G-levels
1-5 (the 6G tape was too corrupted by noise for meaningful output or
comparison), Stucdy of these graphs showed the "initial indication"
described earlier in almost all of the words; that indication was

toward a large word-length variance from 1G to 2G, but that variance

24




was not sustained through all G-levels. The shift from 1G to 2G is

predominantly the largest and the most surprising, because what has

been called 1G throughout this report, for simplicity, was actually at

1.46. (This is the lowest spin rate which the ARML considers suffi-

cient motion for the extraction of baseline data.)
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vV Conclusions

Study of the 'FSTART' output (in Appendix C3) showed that, with

few exceptions, the variance of a word within any single G-level was

' ' greater than the variance of that word from one G-level to another,
These two variances were at best, statistically based observations,
without direct mathematical correlation; therefore, there could be no
meaningful comparisons. However, this result clearly showed that the
uncontrolled, or unreported, variables were of greater significance
and impact than the presumed control variable, which was G-level.
This variance within a G-level is a good guideline for maximum word
variation needed for a word recognizer. The time distortion, or energy
shift along the time axis is a phenomenon of human speech--words cannot
be sequentially or randomly repeated for an exact amount of time. If
a time-warping function is incorporated into a word-recognition al-
gorithm, and if it can permit up to a 200 msec wordlength variation,
then the recognizer should work as well at 5G as it does at 1G, from

'3 a time-distortion consideration. Therefore, if word-recognition fail-

ures occur, they should be attributable to frequency changes.
This final analysis was based upon a data set which was a

massively reduced subset of the potential processing capability of the

S |
IS
»

Ty files produced by 'FT32V'; but the categorization, for time distortion,

a2
%

: { corrupted.

needed no further processing on a data set which was this badly noise
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V1 Recommendations

The noise level--in particular, the 60 Hz and associated har-
monics--caused serious problems with obtaining the desired distortion
and categorization accuracy. Although the frequency content of the
speech information could be analyzed despite the noise, the voltage
levels could not be accurately evaluated. This undesirable noise
should have been easily eliminated. The centrifuge recordings should
be reaccomplished with better quality control and test hook-up design
to insure proper signal/noise ratio. Then a quality baseline could
be permanently evaluated and stored in the Speech Processing Lab for
future work with frequency distortion and noise corruption.

Many samples of each word are also going to be required to
permit prototype construction of those words. Approximately 10 mega
bytes of data was processed during this study, but no more than five
utterances of any given word at a single G-level were available; many
more will be required.

As stated in the Conclusions Chapter, the gravity variances
should be easily accommodated by a speech recognizer which works at

1G. However, the results in this report suggests the presence of un-

controlled and unreported, data-varying, driving forces of significant

magnitudes. Figure 19 shows the average wordlength of all words,
which was computed from the average sum of the wordlength of all 14
words at each gravity level. These forces may be physiological, psy-
chological, and/or environmental; for instance: time of day, time
since last meal, physiological vital signs (heart rate, respiration

rate, and blood pressure), amount of brain wave activity, fatique/
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alertness, temperature, humidity, ambient brightness level, etc.
Further categorization of the seemingly uncorrelated results,
in this report, will require extensive investigation of these bio-
Togical factors. The limited set of these factors which are report-
able/measurable may not be controllable; thereby, making them interest-
ing but of no practical value. Verification of that fact would be the
final tes