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SINGLE-BOARD
GENERAL-PURPOSE
SPEECH
RECOGNITION
SYSTEM

Introduction

This paper describes a single-board
implementation of an isolated word recognizer
based on the principles of linear predictive cod-
ing (LPC) and dynamic time warping (DTW).
The recognizer requires only a serial (RS-232)
terminal, power supply, and microphone for
operation, and may be used to add speech input
capability to any serial terminal connected to a
host computer. Key elements of the recognizer
include a custom integrated circuit for DTW-
based pattern matching, a single-chip imple-
mentation of real-time LPC feature
measurement, and a 16-bit microprocessor for
control, communication, and decision func-
tions. As a result of the custom integrated
circuit and multiple processor architecture, pat-
tern matching speed is increased by a factor of
50 over an earlier design with no custom inte-
grated circuits and without pipeline processing
capabilities, and proceeds on one word while
LPC measurement on the next is in progress,
increasing speech throughput. Comprehensive
control/evaluation software for the recognizer
has been developed for the AT&T PC6300 per-
sonal computer.

A New System Architecture

A method for speech recognition that
combines linear predictive coding (LPC) with
dynamic time warping (DTW)! has become a

standard basis for a wide variety of speech rec-
ognition systems and has been systematically
optimized over the past 10 years. Careful tests
have used experienced and inexperienced talk-
ers speaking over dialed-up telephone lines to
examine the performance of most aspects of
the recognition algorithm. The tests included
speaker-trained isolated word recognition, !
speaker-independent isolated word recogni-
tion,2 connected word recognition, ® methods of
endpoint detection,*> techniques of dynamic
time warping, ® and procedures for training.”
Other tests have embedded the recognizer in
systems that used vocabulary partitioning,
directory searches, and syntactic analysis to
perform such voice-activated tasks as reper-
tory dialing of telephone numbers,® retrieving
telephone directory information,® and making
airline reservations. '° In all simulations, the
technique was shown to attain performance
sufficient for practical use over telephone lines
for a wide variety of talkers.

Accompanying the continual refine-
ment of the LPC/DTW algorithm has been an
evolution of real-time hardware implementa-
tions of the algorithm. A special-purpose
computer for performing the LPC/DTW iso-
lated word recognition algorithm in real time
included a two-board customized processor
similar to present-day single-chip digital signal
processors that was used to perform the
numerically demanding computations of LPC
and DTW. 1! A formal study was conducted to
examine parameters of the LPC/DTW algo-
rithm that would be impacted by modification
for real-time implementation. 2

To provide a smaller, faster, and less
costly implementation of the algorithm, a new
system architecture was devised that consisted
of a dedicated single-chip processor for LPC



Figure 1. Speech rec-
ognition system.
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computation, a second single-chip processor
for DTW computation, and a third general-
purpose microprocessor for all remaining con-
trol and communications operations. This
architecture increased speech throughput by
tailoring a processor for each stage of the algo-
rithm and allowing each processor to run
independently and in parallel with the others.
The result, described in this paper, was a sin-
gle-board recognizer (SBR) capable of
performing word pattern matches at the rate of
1000 patterns per second and completing the
entire process of recognizing a word from a
vocabulary of 150 words in less than 300 ms.
This is a significant improvement over the ear-
lier five-board system that could perform word
pattern matches at a 22 pattern per second
rate and recognize one word in a 40-word
vocabulary in 900 ms.

In the following section, we describe
the recognition algorithm implementation. A
subsequent section describes the control firm-
ware and operating system that reside on the
board, as well as the evaluation and control
program package that runs on the AT&T
PC6300 personal computer for application

development, diagnosis, and demonstration.

Recognition Algorithm implementation

A simplified block diagram (Figure 1)
of this speech recognition system includes a
feature measurement block, a pattern-building
section, a pattern-matching section, and an
output decision block.

In the feature measurement section,
the input speech signal is broken up into 45-ms
segments known as frames, and a feature vec-
tor is computed for each frame on a
characterization of the short-time spectrum by
linear predictive coding. During training of the
recognizer, a reference vocabulary of word pat-
terns is built by concatenating the sequence of
feature vectors and storing them in memory. In
the recognition mode, unknown word patterns
are constructed, compared to each reference
pattern in memory, and scored for similarity.
The decision block searches the similarity
scores and reports recognition results.

The speech recognition task is per-
formed on the SBR in three processors which
operate in parallel (Figure 2). The first is an
AT&T Technologies DSP-20 programmable dig-
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Figure 2. Architecture
of single-board
recognizer.

Figure 3. Single-board
recognizer hardware.
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ital signal processor performing feature
measurement. The input to this processor,
called the feature-extraction digital signal pro-
cessor (FXDSP), is w-law PCM-encoded
samples of the speech signal. LPC feature vec-
tors from the FXDSP are then stored in a
circular buffer.

The second processor, called the sin-
gle-board recognizer controller (SBRC), is the
processing element in the pattern-building/con-
trol block and is implemented with a 16-bit
microprocessor. The SBRC takes feature vec-
tors out of the circular buffer, determines the
beginning and end points of words, and builds
test or reference word patterns. In the recog-
nition mode, it also loads the test and
reference cache memories of the pattern-
matching section with the appropriate word
patterns and controls the operation of the
dynamic time warp processor (DTWP).

The pattern-matching block contains
the third processor, the DTWP It is an applica-
tion-specific integrated circuit which computes
dissimilarity scores (distances) of the unknown
input pattern (test) from previously stored
patterns (references). The distances are
passed back to the control block for decision
processing. Finally, the SBRC presents the
recognition results to a host computer or ter-
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minal over serial ports (Figure 2). The SBR
accommodates its three processors and other
components on an 8 by 10 inch board (Figure 3).

Feature Measurement. A spectral model
for each frame of speech is computed by means
of linear predictive coding. This model of the
speech waveform is based on the idea that the
speech sample can be predicted by a linear
combination of past speech samples. The
model is represented by a time-varying digital
filter of order p with an all-pole transfer func-
tion of the form

H) =~y

1- > az*

k=1

The LPC model as implemented in the FXDSP
uses p = 8. This filter is excited with the exci-
tation function #(#n), and the speech samples
s(n) are related to the excitation (), in Figure
4, by

k=

s(n) = Eﬁ a,s(n — k) + u(n)

A linear predictor with prediction coefficients
a, is defined as a system whose output is

k= p

Sm)= D a,s(n—k

k=1

The prediction error, e(n), is defined as the dif-
ference between the true signal s(»n) and the
predicted signal §(n):

e(n) = s(n) — $(n)

The feature vector components which are the
result of LPC analysis on a frame of speech are
based on the coefficients o,, which minimize
the total prediction error over the analysis
frame.

The FXDSP is a real-time implemen-
tation of the LPC feature-measurement
technique using the AT&T DSP20 programma-
ble single-chip digital signal processor. '

Telephone bandwidth (150 to 3200 Hz)
speech is digitized by a w.-law coder-decoder
(codec) with filters at a 6.667-kHz sampling
rate. This digitized signal is passed to the
FXDSP processor, which performs an eighth-
order LPC analysis and logarithm of energy
computation on the signal in real time. An anal-
ysis frame size of 300 samples (45 ms) is used
with a new frame beginning every 100 samples
(15 ms). Thus, each speech sample falls within
three consecutive analysis frames. Every 15
ms, the FXDSP processor completes the LPC
analysis of one frame and puts out a feature
vector consisting of the log energy, nine ampli-
tude-normalized autocorrelation coefficients,
and nine LPC-based test coefficients for that
frame (Figure 5).

Formatting (SBRC). The FXDSP runs
continuously, outputting feature vectors which
represent the signal at its input whether that
signal is speech, silence, or noise. An impor-
tant process in the speech recognition task is
the formatting of a continuous stream of fea-
ture vectors into word patterns. The first step
in the formatting process is real-time endpoint
detection based on the energy temporal con-
tour of the signal. Several parameters obtained
from a measurement of the background noise
energy level in the recognition environment are
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required. The background noise level is deter-
mined either in a static mode by sampling for a
fixed period of time while no speech is present*
or in a dynamic fashion by developed by J. E
Lynch, Jr., of Bell Laboratories involving con-
tinuous updating with each new log energy.

In the static mode, a histogram of the
samples of background noise energy is com-
puted. A three-point median smoother is
applied to this histogram. The background level
is the mode of the smoothed histogram.

When dynamic computation of the
background level is selected, each new log
energy is processed by a low-pass filter. The
rise-time constant of the filter is chosen to be
longer than the duration of a typical word so
that the background level is not appreciably
changed during speech, but will ultimately
reflect any real change in the background noise
energy level. The fall-time constant of the filter
is short so that between words, the background
level tracks the lowest input log energy. In this
way the background noise energy level is
updated with each new log energy.

Once the endpoint parameters are
computed, the frames representing the approx-

imate beginning and end of a word are marked.
The word is stored in a circular buffer for fur-
ther processing. The circular buffer, as its
name implies, allows buffering of multiple word
patterns while the rest of the recognition steps
are being performed on a word. As word pat-
terns are taken out of the buffer, the next
formatting step is refinement of the word end-
points.>¢ After endpoints have been
determined, the word is length-normalized to
40 frames* to create the word template that
will be used as the test pattern during pattern
matching.

Pattern Matching (DTWP). The pattern
matching block is based on the dynamic time
warp processor (DTWP) integrated circuit.* A
pattern for an unknown utterance is compared
to stored reference patterns by the time-
alignment method of dynamic time warping.
Dynamic time warping is the process by which
the effects of nonlinear variations in speaking
rate are minimized. For example, in Figure 6a,
even though the lengths of the energy temporal
contours of the two words are the same, their
peaks do not align because of nonlinear varia-
tions in speaking rate. By means of a time-
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Figure 6. Dynamic
time warping. (a) Una-
ligned peaks. (b)
Time-aligned path
that deviates from lin-
ear alignment.

alignment path that deviates from linear align-
ment, the peaks may be aligned and the
pattern similarity may be computed along this
optimum path (Figure 6b). The pattern-
matching block performs all the necessary
arithmetic and decision-making operations for
selecting a word from a given vocabulary, com-
paring a test pattern with up to 256 reference

patterns using the technique of dynamic time
warping to optimally align the time axis of each
reference pattern to the test.

To eliminate unreasonable departure
from linear mapping of the test and reference
frames, several constraints are placed upon the
alignment. The endpoints of the test and refer-
ence are required to match. The reference
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utterance may be time-compressed by skipping
one frame for each test frame, time-mapped
linearly to the test, or time-stretched by dupli-
cating a reference frame (alignment path slope
of 2, 1, or l/2, respectively). The number of
times that a reference frame may be repeated
is limited to one. The compression-expansion
constraint leads to the three-way selection
shown in Figure 7a. The path marked x is not
allowed. By adding the final global constraint
that the deviation of the optimal path from the
diagonal be limited to + 5, the one-to-one time
mapping of test frames to reference frames is
restricted to the parallelogram of Figure 7b.
Comparison of a test frame to a refer-
ence frame requires a measure of closeness.
The Itakura log likelihood ratio! distance func-
tion yields a measurement that is indicative of

the spectral energy difference between the two
frames of speech. By appropriately computing
a set of test and reference coefficients, the log
likelihood distance between frames can be
obtained as the result of a dot product and loga-
rithm. Summing the test-to-reference frame
distances along the optimal time alignment path
gives the total distance score between the test
pattern and reference template.

The entire DTW algorithm is reflected
in the functional block diagram of the DTWE,
Figure 8. At each possible point along the time
warp path, a local distance d, is computed from
the ith test and jth reference coefficients. The
accumulated distance to this point is D(3,7) such

that . . .
D(ij) = d; + min[D(i — 1,j),
Dti—1,7-1,D0—1,j - 2)]
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Figure 8. Architecture
of the dynamic time
warping processor.

This accumulated distance is put into a multi-
stage shift register where it will be available
for the distance calculations between the fol-
lowing test frame and the reference frames.
The accumulated distance at the end of the
time warp path D, will be the score for the
optimal alignment path between the test pat-
tern and the reference template. The DTWP
can sequentially compute scores between the
test pattern and up to 256 reference templates,
outputting the scores and/or retaining the index

and score for the best matching reference
(minimum D store).

Decision. After the pattern-matching
block has computed distance scores between
each of the reference templates and the test
pattern, a confidence test is applied to deter-
mine whether the best scoring reference
candidate is reliable. The SBR uses a distance
threshold and a separation requirement to
make this decision.

If the top candidate distance score is
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below a threshold and the difference between
the first and second candidate scores is above a
second threshold, the word can be said to have
been recognized with confidence. The second
threshold is required in situations where the
vocabulary contains confusable words such as
“sailing” and “saline” or when the vocabulary
contains multiple templates per word for
speaker-independent applications.

Speaker-independent recognition may
require many different templates representing
each vocabulary word. The recognizer can
group and mask word candidates so that the
difference test can be applied to candidates that
represent different words, not just different
representations of the same word. The recog-
nizer can also include sentence syntax to help
in the decision step; i.e., words that are not
allowed in a word sequence can be masked out
during the pattern-matching step.

Control Interface

SBRMON Monitor. The SBRMON monitor
program allows external control of the recog-
nizer and data flow over two RS232 ports. The
three main blocks of this section take care of
hardware and parameter initialization after a
reset of the system, command line interpreta-
tion or downloading of system information, and
output of system status, results, or system
parameters.

One of the two R5232 ports is
designed to interface to a host computer while
the other port interfaces to a terminal. The

recognizer may be completely controlled by
either port, so it is not necessary to connect
both a terminal and a host computer. However,
in a transparent mode of operation, the recog-
nizer can pass all signals arriving through one
port so that they exit out the other (Figure 9).
The essential difference between the two ports
is that the terminal port is more “verbose”;
i.e., a menu of commands is available, descrip-
tive prompts and error messages are displayed,
and recognition results can be formatted in
several ways. The host port syntax was
designed as an interface to a controlling com-
puter. Commands, prompts, and error
messages are a single character, and recogni-
tion results are simply indices of the
recognized words rather than descriptive
character strings.

Commands are available which read
and write various recognition parameters, per-
form background noise measurements,
download previously created word templates
stored on the host, train the recognizer, upload
the present vocabulary of word templates to
the host, tell the board to recognize speech,
and perform system diagnostics (Table ).
Many commands have been included which
allow customizing the recognition algorithm to
the application environment. For example, it is
possible to vary word endpoint parameters and
read out the resulting boundary points in
speech as the words are processed.

Host Control/Evaluation Program (SBRCOM).
SBRCOM is a software package designed to run
on the AT&T PC 6300 and compatibles. It pro-
vides a menu-driven interface to the SBR.
Figure 10 presents a summary of initial com-
mands that appear on the computer screen as
options to the user. SBRCOM allows the user to
easily perform complex operations with the
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Table I. Host and Terminal Port Commands

M
RES
A

B
TR
RET
UT
WR
D
DG
DMT
p
PG

Display SBR command menu

Reset hardware, initialize parameters

Perform automatic background noise measurements (dynamic)
Perform background noise measurement (static)

Training mode; up to 142 words, 40 words at a time

Retrain a word in the current vocabulary

Upload templates from SBR to host (PC6300 or other)

Write recognition parameters

Download-append templates from host system (PC6300 or other)
Download group table for template set grouping

Download mask table for template set partitioning
Recognition; no template set grouping or partitioning
Recognition; template set grouping with template partitioning

SBR such as modifying recognition parameters,
entering vocabulary, training, scoring recogni-
tion, and uploading and downloading templates.
Using SBRCOM, one can perform tests of rec-
ognition performance by playing prerecorded
utterances through the board and storing the
results of recognition attempts in the host com-
puter. SBRCOM also supplies important
diagnostic information such as plotting of the log
energy contour and word boundaries found by

the recognizer as a result of endpoint detection.
Figure 11 shows an SBRCOM plot of the loga-
rithm of signal energy vs. time, the endpoints of
the word (vertical lines), and the energy thresh-
olds used in endpoint detection (horizontal
lines). Each major increment, e.g., 40 to 50, on
the vertical axis corresponds to 12 dB.

SBRCOM consists of a series of soft-
ware modules written in the C programming
language. Communication with the SBR is
implemented with an interrupt-driven RS232
software package that was modified for this
application. The communications uses serial
port COM1, interrupt request line 4 (IRQ4),
and automatically adjusts to baud rates of 110
to 19,200.

Summary

Much of the board area of the SBR is
consumed by a fairly typical 16-bit general-
purpose microcomputer system. As an alterna-
tive to a stand-alone board design, the FXDSP
and DTWP processors may be added as periph-
erals to the central microprocessor controller
that may already reside in a computer and tele-
communications system. By adding the SBRC
software to the tasks of that controller, speech
recognition capability may in this way be
included in a tightly integrated manner with
minimum incremental cost.

We have described a subsystem for
isolated word recognition known as the single-
board recognizer. The recognizer uses the
mature LPC and DTW algorithms, optimized
for real-time implementation. Speech through-
put is increased by partitioning of the speech
recognition task into feature analysis, pattern
matching, and control. Each subtask is per-
formed on a separate processor which runs
independently and in parallel with the other
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logarithm of energy. Of particular significance to the
speech processing capabilities of the SBR are
the FXDSP, a single-chip implementation of
real-time LPC feature measurement and the
DTWE a custom integrated circuit for high-
speed DTW-based pattern matching. A high-
performance 16-bit microprocessor coordinates
the operation of the FXDSP and DTWP and
handles /O processes for the SBR.

The SBR and its control program,

SBRCOM, have been in internal exploratory
use within AT&T for the past few years. In
addition, the SBR performs speech recognition
in both the “Lost for Words” exhibit at Walt
Disney World's EPCOT Center and in the
“Mouse in a Maze” exhibit at the InfoQuest
demonstration center at AT&T headquarters in
New York City.
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