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.EVALUATION

The objective of this effort was to develop a speaker
independent diglt sequence recognition front-end to a

speaker verification system. The Total Voice concept
eliminates the need for badge readers, keyboards, etc. for
inputting the users' claimed l1dentity. The system allows an
individual to speak only his code number, such as his Social
Security iumber, worik badge number, etc. The technique
automatically recognizes the digit code independent of speaker,
and then uses the same acpustic data to verify the individual.

This effort demonstrated that the Total Voice concept
is a successful means of increasing user throughput into a
secure area.

The concept was implemented on the ESD/RADC Advanced
Development Model Speaker Verification System and is
demonstratable at RADC's Entry Control Laboratory.

More work is needed in the area of improving the |
speaker-inaependent connected digit recognition algorithms |
and integrating them into an operational Total Voice System. j

As a result of this successful implementation of the

Total Voice concept, future plans call for continuing technology
development for an operational environment.

RICHARD S. EONUgA

Project Engilneer
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SECTION |
INTRODUCTION

A. BACKGROUND

iy v TR TSSO

This final report covers the fifth in a series of programs undertaken by Texas Instruments
to further develop speaker verification (voice authentication’?) technology. In the first
program,® a promising high-performance speaker verification technology was developed and
comprehensively tested in a laboratory environment, with accurate and reliable methods of time
registration providing a major performance impact.

In the second program,* operationally important problems were solved to provide an
operational capability for applications such as automatic entry control. Concurrent with this
second program were:

The development of an Advanced Development Model voice verification system for
the Base and Installation Security Systems (BISS) program under Electronic
Systems Division sponsorship®

- The installation of an operational, fully automated entry control system, internally
: funded, to provide entry control to the Texas Instruments Corporate
Information Center.%

In the third program,” advanced speech processing capabilities were developed to enhance
speaker verification effectiveness and extension of speaker verification technology was made to
other applications. Effort was focused on two specific applications: speaker verification using
passwords embedded in free text and speaker identification (and subsequent verification) using
spoken identification codes (called “Total Voice” verification). Both of these required major
emphasis on the development of word recognition technology and the integration of recognition
and verification techniques.

The fourth program® was a study conducted to develop speaker verification techniques for
use over degraded communication channels—specifically telephone lines. A test of BISS type
speaker verification technology was performed on a degraded channel and compensation tech-
niques were then developed.

This fifth program was the coalescence of the Total Voice verification technology and the
hardware of the Advanced Development Model BISS speaker verification system, shown in Figure
1, culminating in the installation on the BISS-SV system, of the Total Voice computer program,
called TVBISS.

The remainder of this section discusses the concept of Total Voice in more detail. Section
I reviews the speech processing used at Texas Instruments, and specifically on this program.
Section III briefly describes the data sets collected, and Section IV discusses the clustering
methods developed under this contract for use in creating a set of speaker-independent reference
patterns used in digit sequence recognition. Section IV also includes a very detailed discussion of
the resulting reference patterns.
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Figure 1. BISS System
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A wide flexibility exists in the selection of various parameters and thresholds in the Total
Voice computer program. The tradeoff testing done during these selections as well as the final
results of digit sequence recognition tests are described in Section V. Section VI includes both a
description of the speaker verification part of the program and the results of a limited speaker
verification test run using the final program. Conclusions and recommendations are given in
Section VII. The Appendix of this report is a paper presented at the Fourth International Joint
Conference on Pattern Recognition covering the work on this contract. It is suggested that the
reader desiring only a summary discussion of the contents of this report would be advised to
read this Appendix instead of the full report.

I ——

B. TOTAL VOICE

Two key functions are provided by the user in an entry control system. These functions
are: user identification an< user verification. The verification function is required to be pei-
formed on a personal attribute; in this case, on the user’s voice characteristics. Existing
techniques for user identification are manual and are based upon badge or keyboard identifi-
cation entry. It is desired to eliminate the manual identification mode and consolidate
identification and verification. This is done by using a spoken identification code. Two benefits
accrue from a Total Voice speaker verification capability: first, verification time is reduced
considerably. This is possible because the input speech data used for identification may also be
used for verification, thus comipletely eliminating the speech input time required for verification.
} Second, eliminating all but speech input provides operational advantages. Hands need not be
* freed to operate manual identification devices, and the verification terminal becomes less
expensive and more mobile.

It is important to note that the consolidation of user identification and voice verification
is intended to be distinct from the problem of speaker recognition; i.e., the identification of the
user is based upon a unique identification code assigned to that user and not upon the unique
properties of his voice. If identification were based upon personal voice characteristics, then
identification performance would deteriorate rapidly with increasing population size. On the
contrary, with identification based on a unique identification code assigned to each user, the
identification performance does not deteriorate rapidly with increasing population size. Identifi-
cation performance in this case is determined by identification code uniqueness, which may be
increased rather arbitrarily through various methods of adding redundancy.

The next question concerns how to recognize the spoken identification code. Perhaps the |
most straightforward method is to recognize that code by comparison with user-specific speech
reference data. This approach avoids the problem of recognizing speech independent of speaker,
but is not viable because required processing is directly proportional to the number of users and,
therefore, identification processing becomes prohibitively expensive with even modest population
sizes. The approach used here for recognizing the identification code is to represent the code as a ‘
sequence of words selected from a small set of words (the 10 digits) and to recognize the words f
composing the identification code by speaker-independent word recognition. Of course, there are !
problems in performing speaker-independent word recognition that are exacerbated by the i
application. In this case, there exists the requirement for minimal user training. Minimal user 4
training implies the use of normal continuous speech input. A discrete input code identification
scheme would suffer seriously from user violation of the discrete speech requirements. The
ability to handle connected speech is, therefore, a must. At the same time, however, reliable
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speaker-independent recognition of these digit sequences said in continuous speech is necessary.
This recognition performance is aided by incorporating three constraints into the sequence
recognition:

Two parity checks must be satisfied
“Difficult” digit pairs are disallowed
All digits must be different.

The minimum desired number of identification codes for this contract was 300. Applying
the above constraints, 320 codes are obtained using a code length of six digits.

After a six-digit sequence is recognized, user verification is done on the same input data
used for the sequence recognition. The recognized six-digit sequence is used to locate the
reference file for that claimed identity. (The verification presumes the prior enrollment of each
speaker on the system.) The reference file is then used to make the verification decision.

An overall flowchart for the digit recognition and verification process is shown in Figure 2.
More details concerning the sequence recognition and the user verification are presented in this
report.
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SECTION 1)
SPEECH PROCESSING

A. SPECTRAL PROCESSING

The speech processing strategy used in this program is based upon the relative spectrum of
speech as a function of time, which is the output of a 16-channel digital filter bank that has
been preprocessed as described in this section.

1. Filter Bank Definition

The spectrum is obtained by processing the speech signal through a digital filter bank
preceded by a first order differencing network (for preemphasis). The filter bank consists of 16
bandpass filters, each followed by a fullwave rectifier and a four-pole lowpass Bessel filter with a
3-dB cutoff at 30 Hz. Each of the 16 filters is sampled 100 times per second. The digital filter
characteristics are given in Table 1 and a block diagram of the spectral analysis hardware is
shown in Figure 3. Actual filter responses appear in Figure 4 for the bandpass filters alone and
in Figure S for the bandpass filters with preemphasis.

TABLE 1. CHARACTERISTICS OF 16-CHANNEL FILTER BANK

Center Frequency Bandwidth
Filter (Hz) (Hz, at —6 dB)
1 280 250
2 395 280
3 525 310
4 630 340
5 750 360
6 900 360
7 1080 360
8 1265 365
9 1480 365
10 1725 365
11 1985 365
12 2285 360
13 2640 365
14 3150 625
15 3720 635
16 4235 615

For processing, the top three filters are summed and filter 14 is replaced by this sum. Filters
15 and 16 are set to zero. The resulting 14 filter outputs at each time sample are represented by the

spectrum amplitude vector:

a”

azj

14

a4 (t_l)
dy (t,)

ayy (1)
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2. Regression
It has been found that by eliminating the gross aspects of the spectrum, such as the slope

and curvature, more clearly defined formant frequencies are obtained.” Therefore, the spectrum
amplitude vector is regressed by the first three elements of an orthonormal basis set:

2
(ADg = A —2 :c,k F,
k=0

where
fix
¥ wf . k=1{o, 1, 2}
fla x
1 A
fo ® —
V14
| 3 ai-1/2) l S
£ . R S di=q, 20 8
1 l(i - 1/2) '
fip = ———= cO§ |————— 7
7 14 }
and
14
% = 2 ;amj Enk
m=1

Thus, the regression tends to flatten the spectrum, removing any half cycle sine or cosine wave
trends of the spectrum at time t;. An example of a spectral waveform having a large positive c,
is a nasal, which has one peak near the low end and one near the high end of the spectrum
(around 250 Hz and 2200 Hz). An example of a spectral waveform with a large positive cy isa
sibilant, having most of its energy above 3000 Hz. Most vowels, however, have the opposite
spectral tilt due to the giottal source spectral decay with increasing frequency, yielding a large
negative value of c,. Figure 6 shows the spectra for /s€van/, both with and without regression.

The form of the speech representation shown in Figure 5 is used throughout the remainder
of this report. Each column in the figure represents 10 milliseconds of speech data and contains
17 features: the “energy” (discussed later); the regressed, normalized and quantized 8, (=
1....,14) filter outputs; and the normalized, quantized regression coefficients (c; and c;). The
value of a;; and c are indicated by the density of the printed symbols according to the following:

11
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Figure 6. Comparison of Pre/Postregression Spectra for “Seven”
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At this point, the energy is not quantized; however, it is always used relative to other energies
and the relative value is then quantized.

Note from Figure 6 that the normalized, quantized values of ¢, and ¢, for no regression
are 2(") and 6(B), respectively. Values above these represent positive ¢ and below, represent
negative c. For example, c, during the vowel in the regressed spectra in Figure 6, is zero (blank)
indicating the removal of much of the dewnward spectral tilt with increasing frequency.

Also, note that the nonregressed spectra in Figure 6 appears worse than it should since the
quantization (discussed later in this section) thresholds were chosen using a regressed data set. A
truer representation would require recomputation of the quantization thresholds using non-
regressed data.

3. Normalization

The regressed amplitude vector is next normalized by a modified postregression standard
deviation, o}" for time t:

y, Y
oj 53 opostj + O min

14 2
l E
& i 2
post; 11 Amj Cik
m=1 k=0

O min 62 for Total Voice

where

Q
~
|

"

However, it has been noticed that regression sometimes eliminates too much of the variance of
the filter output vector A;. To limit the regression, a limit is placed on Oposts a8 follows

2 = 2 2 -
o,,m,j max (o,,ostj » e op,e’, )

where

14

1
2 -~ 2. _ o2
aprej 13 Anj Cjo

m=1

Ruin = 0.6

Note, that when Oposyy = Riin Oprejs the regression coefficients ¢, and c, are reduced in order
to decrease the amount of regression.
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The resulting normalized amplitude vector is then:

1
(&) = — (A)g
J

The regression coefficients c;; and c;, are also normalized by o}-’.
4.  Quantization

The regressed and normalized amplitude vector is then quantized to one of eight levels
according to a set of quantization thresholds ¢;q

(@j)n = ¢iq
() = q IFF
(@) <®iqey forq=0,1,...,7
where ¢iq < ®i, q+l> ®i0 = — %, and ¢;g = .

Rather than have these quantization levels (¢;q) being chosen to yield a uniform probability,
however, it was felt to be more desirable to have the quantization threshadds cluster at higher
energy levels (p. 16 of Reference 4). In this way the sensitivity to noise can be reduced and
quantization resolution is increased in the region of interest (which is the spectrum amplitude at
the formant frequencies).

The quantization thresholds were chosen by plotting histograms for each of the regressed,
normalized filter outputs ((aij)N’s] during regions of formant locations for each of the vowels in
a specially collected design data set. This data set was one repetition by each of 10 males and 10
females of the set of words given in Table 2.

TABLE 2. WORDS USED IN DETERMINING QUANTIZATION THRESHOLDS

*Pot *Bert *Bet *Bought

*Put Bout Bait *Beet
Boyd *Bat Boat *But
Butte Bite *Bit *Boot

*Pure vowels

In actually computing quantization thresholds, only the pure vowels (*in Table %) were
used. The filters for each of the vowels used is given in Table 3, along with the expected formant
locations for each vowel, as given in Peterson and Barney.’

A plot of the octiles for each of the 14 filters is given in Figure 7. The top and bottom
curves were each replaced by the constant + sine + cosine best fit to smooth the curves. The

14




TABLE 3. FILTER NUMBER OUTPUTS USED IN
DETERMINING QUANTIZATION THRESHOLDS

Formant Locations—Males Formant Locations—Females

Design Data Peterson and Barney Design Data Peterson and Bamney

Energy Peaks F, F,; F;3 Energy Peaks F, F, F,
la/ 5-7,13-14 5 7 12—-13 6-7,13-14 5-6 8 13
U/ 2-3,8-9,12 2 6-7 12 3,10,13 2-3 7-8 13
/®/ 2-3,8-10 2-3 8-9 10 3-4,9-11 2-3 9-10 11
=/ 3-5,9-10, 13 4 10 12-13 5, 11-12 5-6 11 13
1€/ 3-4,10-11,13 3 10-11 12-13 3-5,11-12 34 12 13-14
N/ 2-3,10-11,13 2 11 13 2-3,11-13 2 12-13 14
s/ 3-5,12-14 3 5-6 12-13 4-6,13-14 3-4 6 13
fi/ 1-2,11-13 | 12 14 1-3,13 | 13 14
A/ 3-4,8-9,12-13 4 7-8 12 4--5,10-11,13 ) 9 13
Ju/ 1-2,9,12 1 6 12 2-3,10-11,13 1-2 6 13

middle five curves were then replaced by linear interpolations between the top and bottom one
to yield Figure 8, which gives the quantization coefficients for the 14 filters.

The octile ranges for ¢, and c, were also determined from histograms of the normalized
¢, and c, values except the limiting of the Opost 2 Ry Oprej as described in the previous
section was not done. This yielded the following values of ¢4 for ¢y and c,.

%o & [} 3 ba Ps 6 2] bs
C, —o0 -3.0 -1.5 0 1.5 3.0 4.5 6.0 oo
C, —oo -7.0 -5.67 —4.33 -3 -1.67 -.33 1.0 o0

s. Energy

For each time sample, a measure of the energy was also computed. As an aid to distin-
guishing vowels from nasals (which usually have most of their energy in ay;) and vowels from
sibilants (which usually have most of their energy in ay4;), these two filters were not used
in computing the energy measure in the following expression.

13 13 2
§ : I E
E= (ai)2 — ﬁ a;
i=2 i=2

6. The Preprocessed Speech Representation

In summary, the input speech representation used is a 17-element vector representing a
10-ms segment of speech. The vector comprises:
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Fourteen outputs (a;) of a digital filter bank that have been regressed, normalized,
and quantized to 3 bits each

Two regression coefficients (c¢; and c,) that have been normalized and quantized to
3 bits each

A measure of the energy in the 10-ms speech segment.
B. SEGMENTATION
1. Discussion

One of the most basic problems in speech processing is the time alignment of the speech
waveform, whatever its representation. This can be seen for example from the two spectrograms
in Figure 9 for the word “seven,” where the A’s denote the phonemic boundaries. The time
differences between corresponding A’s are obvious.

Early work used linear time normalization of two patterns between end-points of words,
and although this method improved recognition performance, it suffered from not being able to
deal with the nonlinear fluctuations between end points and from not being able to reliably
locate end-points in continuous speech. A later approach used a steepest-ascent algorithm to
solve the nonlinearity problem, but still suffered from the problem of reliably locating end
points.

More recent efforts at time normalization have been based on segmentation of the speech
waveform at phonemic or acoustic boundaries. Most of the ARPA sponsored work (Reddy!?)
dealt with translating a string of input features into a sequence of phonemic labels, which
depended on accurate segmentation between phonemes. Segmentation errors then had to be
fixed by more sophisticated labeling schemes. Another approach used was to label speech every
10 ms and then use the resulting labels in segmentation.

Although a phonemic labeling scheme is probably necessary in large vocabulary word
recognition in order to structure and, hence, contain the processing requirement, limited vocabu-
lary word recognition can still use the word-template matching approach. This method obviates
the need to do error-prone phonemic labelings and can use the more reliable segmentation at
acoustic boundaries. This was the approach used in this study. Time normalization was then
accomplished by linear time scaling between segmentation points.

Acoustic segmentation can be done independently of the text by locating changes in
features such as voicing, energy, or spectrum between adjacent time samples. This is a reliable,
precise method for use in speaker-dependent recognizers; however, sometimes expected acoustic
segmentation points are missed in speaker-independent recognition.

The more robust approach used in this study is to use a text-dependent approach,
matching a feature vector (called a scanning pattern) extracted from the input speech waveform
to reference scanning patterns, or templates, computing a distance between the input and all
reference patterns. Minima in this distance function then are locations of potential acoustic
segmentation points (called reference points). Reference points are then combined into optimal
sequences using a dynamic programming routine that accounts for the value of the distance
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function at the reference point and for TABLE 4. REFERENCE
deviations from expected time differences POINT DEFINITION

< : 2 : FOR THE DIGITS
between reference points. This technique is

described further in the next sections. zplrp0, faalpyv
The reference points (A) chosen for Walan Salakas

the digits are shown in Table 4 for the ataNix sa€,vd,n

phonetic transcriptions for the General ,

American dialect pronunciations for the Oaria atal

digits as found in Kenyon and Knott. ! fioar naalyn

These points were chosen at points that

would exhibit large spectral changes. This is

true of the points in Table 4 if the restriction of not permitting digit combinations yielding
vowel-to-vowel transitions (0-8, 28, 3-8), vowel-to-glide transitions (0—1, 2—1, 3-1), or
semivowel-to-glide or vowel transitions (4—1, 4—8).

2 Scanning Pattern Definition

Scanning patterns are formed from spectral data and are used for comparing the input
speech with reference data. The scanning pattern formed at time t; consists of: (1) the spectral
data, regression coefficients, and energy for the five time samples from t _2 through t;,, and (2)
the difference between the data for all adjacent pairs of time samples. The energy used in the
scanning pattern is the energy measure (described earlier) for each of the five columns of data,
normalized by the sum over all five columns and quantized to 4 bits. Figure 10 illustrates the
formation of a scanning pattern from preprocessed speech data. The only purpose of the
difference data is to more heavily weight rapid changes of the feature vectors with respect to
time. Since this data is derived from the standard data portion of the scanning pattern,
subsequent illustrations of scanning patterns in this report will not show the difference data,
even though it is, in fact, part of the actual pattern.

3. Scanning Error Computation

In order to determine where reference points occur in the input speech, the input data are
compared with reference data. This procedure (called scanning) is done by formatting scanning
patterns from the input speech at each time sampie t;, comparing these with predetermined

reference scanning patterns T,, and obtaining a measure of squared <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>