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A single-chip implementation of Linear Predictive Coding (LPC)-based
feature measurement for speech recognition, called the Feature Extracting
Digital Signal Processor (FXDSP), has been developed by programming the
AT&T DSP20™ programmable Digital Signal Processor (DSP) and has been
verified by both numerical simulation and system use. For identical input, the
recognition distance between floating point simulation and the DSP imple-
mentation was found to be negligibly small when compared with distances for
word matches. The feature-measurement technique is identical to that used
in numerical simulations of LPC-based isolated- and connected-word recog-
nition using combinations of dynamic time warping, vector quantization, and
hidden Markov modeling. As a result, the FXDSP represents a single-chip
common building block for real-time implementation of most speech recogni-
tion techniques under investigation at AT&T Bell Laboratories. The FXDSP
performs eighth-order LPC analysis on speech received from a standard
CODEC. In every frame period (15 ms) it produces a feature vector consisting
of the log energy, nine amplitude-normalized autocorrelation coefficients, and
nine LPC-based test-pattern coefficients. The feature-measurement program
requires 1023 locations of the 1024 available in on-chip program ROM, 211 of
256 available RAM locations, and 75 percent of available real time.

I. INTRODUCTION

Most speech recognition work at AT&T Bell Laboratories has been
based on a standard form of feature measurement first proposed by
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Itakura.! Speech recognition features are computed from an eighth-
order Linear Predictive Coding (LPC) calculation on 45-ms analysis
frames spaced by 15 ms. The autocorrelation method is used, and the
speech is of telephone bandwidth (3.3 kHz) and is sampled at 6667
samples per second.

With this front end, numerical simulations have demonstrated
successful word recognition algorithms based on dynamic program-
ming for both isolated words® and connected words.? Real-time hard-
ware that uses this front end for isolated-word recognition has been
reported.* More recent simulations have used the same front end in
recognizers that use vector quantization for isolated-® and connected-
word recognition® and for recognizers using hidden Markov modeling.’

Comparative tests of the LPC front end with a variety of filter
banks have found the LPC technique to provide superior performance
for complex vocabularies over telephone bandwidths.®

This paper describes a real-time implementation of this LPC fea-
ture-measurement technique that is of single-chip complexity. The
implementation uses a programmable signal processor, the AT&T Bell
Laboratories Digital Signal Processor (DSP).? In this implementation,
called the FXDSP (Feature Extracting Digital Signal Processor), the
output continuously provides results of LPC analysis of whatever
input signal is present with less than one frame (15 ms) of delay.

1.1 Relation to previous work

An implementation of LPC analysis using two DSP chips was
previously described by Daugherty.!° This used an older version of the
programmable signal processor known as DSP-1. The DSP-1 operates
at one half the speed (5-MHz clock) and has one half the RAM (128
20-bit words) as the DSP20™ signal processor used here, but has the
same size program memory (1024 16-bit words). Thus, one DSP20
signal processor is equivalent to two DSP-1 processors in speed and
RAM, but is the same as one DSP-1 in program memory.

A major challenge of the work reported here was to reduce the
program size by a factor of 2 to attain single-chip implementation. A
second challenge was to combine two separate time scales, that of the
input (150 us) and that of the output (15 ms), which had previously
been separated by two DSP-1 processors, into a single processor, the
DSP20 signal processor.

A microprocessor-based implementation of an isolated-word recog-
nizer had partitioned the feature-measurement task between a slower
general-purpose 16-bit microprocessor performing decision operations
and a faster, special-purpose two-board signal processor performing
high-speed repetitive arithmetic.* This arrangement is similar to the
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original simulation environment of a minicomputer and array proc-
€sSor.

An implementation of 10th-order LPC analysis has been developed
for the TMS320* signal processor.’! The TMS320 signal processor
uses a sampling rate of 8 kHz, a frame size of 30 ms, and a frame
period of 20 ms. This combination of frame size and period results in
a frame overlap of 33 percent, where each sample contributes to an
average of 1-1/2 frames. The DSP implementation described here uses
a frame overlap of 67 percent, and thus requires three frames of
computation to be completed on each sample. However, an increase
in recognition error rate accompanies the reduction in computation
obtained by a reduction in frame overlap, as shown by numerical
simulation.’? In the TMS320 signal processor implementation, the
same circuit also performs pattern matching for connected-word
recognition.

In addition to realizations based on programmable signal processors,
architectures for single-chip LPC feature extractors that use a custom-
built processor have been described.'®

1.2 Organization of paper

In Section II, we examine the equations of LPC feature measure-
ment. Section III describes the DSP chip and the external circuitry
required to do the feature measurement. Section IV describes the
architecture of the FXDSP program, and Section V presents some
details of program implementation. In Section VI, the comparison of
the real-time FXDSP calculation with a floating point simulation is
described.

II. LPC FEATURE MEASUREMENT

The requirement of LPC is to determine a unique set of predictor
coefficients, a;, & = 1, 2, --., p, that minimize the sum of squared
differences, E,, between actual speech samples, s(n), and approxi-
mated speech samples, §(n). The approximated speech samples 5(n)
are formed from a linear combination of speech samples over a short
segment of the speech waveform. Thus, the approximate speech sam-
ples are given by

P
§(n) = kE ars(n — k), 1
=1
where p = 8 in this analysis. The task of minimizing the prediction
error, E,, is to choose a; such that
*Trademark of Texas Instruments.
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E,= Y ei(m) (2)
= Y [sn(m) — §.(m)P (3)
= 3 [sa(m) — kz ansa(m — E)? 4)

is a minimum.

Techniques for calculating the linear prediction coefficients, as,
from the speech samples, s(n), are described in the literature.!* The
method used here is a block-processing technique based on the auto-
correlation method and Durbin’s recursion (Fig. 1).

Speech which has been bandlimited to 100 to 3300 Hz and sampled
at 6667 samples per second is first preemphasized with a first-order
network:

s'(n) =s(n) —astn — 1); a = 0.95. (5)

The preemphasized speech is then blocked into frames of 300
samples (45 ms) which are spaced by 100 samples (15 ms). Thus, the
Ith frame of speech, %,, is given by

Li=sMl+n),n=01-..-,N-1; l=0,1,...,L—-1, (6)

where M = 100 and N = 300 for an input sequence length of L frames.
As a result of this choice of M and N, each speech sample contributes
to three consecutive analysis frames.

Each frame is then smoothed by a Hamming window:

xi(n) = w(n)-%(n), (7

w(n) = 0.54 — 0.46 cos ( 2 ) N = 300. @8)
N-1
a =095 M=100 N =300 win) p=8

l?l(n) J xpln) J Ry im)
’I / !
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Fig. 1—Signal processing for extracting LPC features for recognition.
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The resulting windowed frames of speech data are used to perform
an autocorrelation calculation, given by
N=-1-m
R(m)= ¥ m(mun+m);, m=0,1,...,8 9)
n=0
The logarithm of the frame energy, R,(0), is then calculated:
ri = logzR,(0). (10)

The autocorrelation coefficients are gain-normalized such that
R/ (0) =1, as follows:
_ Ri(m)

2n

This normalization is required so that later computation of Durbin’s
recursion uses the full integer precision of the machine. The log energy,
ry, is used for end-point detection and frame energy information during
the recognition process.

Durbin’s recursion is then applied to calculate a set of PARCOR
coefficients, k;, t = 1, 2, ---, 8, and a prediction residual from the
R/ (m) for each frame as follows (the frame index [ is suppressed):

E© = R'(0). (12)
Fori=1,2,...,8, doegs. (13) through (16):

Ri{(m) (11)

[Rl(l) - 'il a}i—l)R/(i —])

j=1
ki = ] EGD (13)
o =k (14)
a'=af "V —kall; (=12 -..,i-1 i#1) (15
E(i) — (1 - k?)E(i—l). (16)
Extract final residual, E, and LPC coefficients a;:
E=E® a7
o =a’. (18)
Test-pattern coefficients are then formed by computing:
‘/l(m)='lel_gnza m=01 1a"',8- (19)

The FXDSP output consists of r;, R/(m), and V,(m) form =0, 1,
-+., 8. The PARCOR coefficients k; and LPC coefficients a; are
calculated as a result of calculating E; however, since they are not
used directly in real-time pattern matching, they are discarded. Ref-
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erence templates are made up of autocorrelations of a; that are pro-
duced during a non-real-time vocabulary training session. In the
current robust training algorithm, a reference pattern is made up of
an autocorrelation average of two tokens that correspond to two
different repetitions of a word.'® Therefore, no use can be made of the
LPC coefficients in real time.

. HARDWARE

The hardware for this implementation consists of a u-law CODEC
with filters, which is run at a 6.667-kHz sampling rate, and the AT&T
Bell Laboratories DSP, which is run at 10 MHz (Fig. 2). Separate
oscillators control the sampling rate of the CODEC and the clock of
the DSP.

A design alternative would have been to replace the 8-bit u-law
CODEC with a 12- or 13-bit linear analog-to-digital converter. Al-
though a slight amount of quantization error is introduced by the -
law conversion of the CODEC followed by the conversion back to 13-
bit linear representation in the DSP, this error was seen to be minor.
The benefit of the economy of a simple hardware interface between
the DSP and the CODEC, the lower cost of the CODEC as compared
with a 13-bit linear converter, and the fact that any telephone line
input to the CODEC has probably already been subjected to conver-
sions from analog to u-law digital and back justified the slight degra-
dation of waveform.

A block diagram of the DSP is shown in Fig. 3. The version used
here, known as the DSP20 signal processor, is an improved version of
the original signal processor described in Ref. 9 in which both speed
and RAM size have been doubled.

The DSP20 signal processor has a 400-ns instruction cycle time.
The processor consists of a read/write memory of 256 20-bit words
and a mask-programmable program ROM of 1024 16-bit words. Alter-

CLOCK cLOCK
6.7 kHz 10 MHz
TO
ANALOG MICROPROCESSOR
SPEECH B-LAW INTERFACE
~—————— CODEC AND Dsp -
FILTERS LPC
¥ FEATURES
I
|
l"_—_L—_’_'|
| PROGRAM
| MEMORY |

| (OPTIONAL) |
[ —

Fig. 2—LPC feature measurement hardware.
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Fig. 3—Block diagram of DSP.

natively, the DSP can be run from 1024 words of external program
memory, usually made of erasable programmable ROM, or RAM that
can be down loaded. An address arithmetic unit contains registers for
controlling memory access. A data arithmetic unit contains a 16-bit X
20-bit multiplier, a 40-bit accumulator, a 40-bit adder, and a 20-bit
rounding-overflow circuit. Input and output occur through two serial
data pins.

In one 400-ns machine cycle, the DSP can (1) decode an instruction,
(2) fetch data and perform a multiplication, (3) accumulate output
products from the multiplier, and (4) store data in memory.

IV. PROGRAM ARCHITECTURE

A conflict arises between the input time scale of the FXDSP, one
sample every 150 us, and its output time scale, 19 coefficients of a
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feature vector every 15 ms. The FXDSP is required to process a new
sample every 150 us regardless of any other operation in progress, else
the input sample is lost and the resulting frame feature vector is
incorrect. Thus, two time scales exist, a sample time scale and a frame
time scale.

As a result of the two time scales, the program architecture really
consists of two separate programs, a sample update program that
updates autocorrelation vectors every four samples [egs. (5) through
(9)] and a frame-recursion program that calculates the output feature
vector from the autocorrelation vectors from the previous frame [egs.
(10) through (19)]. The frame-recursion program is divided into
smaller pieces that are interposed with repeated executions of the
sample update program (Fig. 4).

The sample update program operates on four samples each time it
is executed. This four-sample operation is a compromise between fully
block processing, in which autocorrelation vectors are calculated on a

Ty

B [

«—— TIME

Fig. 4—Interleaving of sample update and frame-inversion programs.
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frame of 300 samples all at once, and fully stream processing, in which
the autocorrelation vectors are updated upon receipt of each new
sample.' Fully block processing, however, requires enough read/write
memory to store all 300 samples, which is more memory than the
single-chip DSP has available. Fully stream processing, which has
been used in other implementations,*!! executes too slowly for real-
time analysis on the DSP.!° This is because before any autocorrelation
update occurs, address pointers must be set up for accessing samples
and autocorrelation vectors, and each autocorrelation coefficient must
be accessed and placed in the accumulator of the arithmetic unit.
These overhead operations are necessary for any number of samples
used in the update, and can only be tolerated in real time if the updates
occur for more than one sample at a time.

The frame period of 100 samples and the updating of autocorrelation
vectors by four samples at a time require that the update program be
executed 25 times per frame period. Therefore, an output operation of
one frame coefficient is added to the sample update program to provide
25 output coefficients per frame, spaced at four sample intervals. The
19 frame coefficients (r;, R{(m), and Vi(m), m=0, 1, ---., 8) and six
consecutive zeroes are output for each frame. The sequence of six
zeroes provides a synchronization marker for identification of the 19
coefficients by the processor that receives the output of the FXDSP.

Figure 5 shows a more detailed view of the timing of operations.
The frame recursion is divided into 25 pieces numbered LPC(0)
through LPC(24). Between the first and second samples of the group
of four sample inputs, one piece of the frame recursion program is

09
SAMPLE 01234567 cse see94 96 98| 0
/I ~
LPC (0) /LPC (1) LPC (2) LPC (3) LPC (23} LPC (24)
/ ~~.
NO. 1/ T~o
\,/ ouTpPuT ~~o OUTPUT
INPUT ~~< n+1
SAMPLE ( -~
AVAILABLE 1 NO.3 lNo. 4 NO. 1 NO.2
WINDOW | AUTOCORRELATION
READ READ READ READ
NO. 1 NO. 2 NO. 3 NO. 4
— I /- T /
FRAME SAMPLE UPDATE

INVERT (n)
TIME —&

Fig. 5—Timing of input, output, and program sections.
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executed. Each piece is completed within the sample period of 150 us.
In Table 1, the function of each piece of the frame recursion is shown,
as well as the time required for execution and the number of 16-bit
words in program ROM required for that piece. As shown at the
bottom of Table I, the final 11 time slots, LPC(15) through LPC(24),
are unused.

During the time following the second, third, and fourth samples, the
sample update operation is performed. The operations associated with
the sample update operation are described in Table II. A sample is
available every 150 us and is placed in the FXDSP input buffer by the
CODEC. The update program reads that sample at a convenient time,
but before the next sample, arriving 150 us later, overwrites it. Each
sample is immediately converted from u-law to linear encoding by the
FXDSP and is then written into a four-sample buffer without any
further processing until all four samples are obtained.

Table |—Frame recursion timing and program memory (by function)

Execution Program
Label Function Time (us) Locations
LPC (0) Read R,(m) to frame recursion in- 95 97
put buffer, shift window
LPC (1) Calculate r; 60 143
LPC (2) - Calculate R/ (m); m=1,2,3,4 144! 50
LPC (3) Calculate R{(m); m=5,6,7,8 144 8?
LPC (4) Set up for Durbin’s recursion [E, 50 32
= R{ (0)]
LPC (5) Calculate 1/E;_, and Durbin’s re- 128 226
cursion (i = 1)
LPC (6) Calculate 1/E;_, and Durbin’s re- 128 6?
cursion (i = 2)
LPC (7) Calculate 1/E;_, and Durbin’s re- 128 6
cursion (i = 3)
LPC (8) Calculate 1/E;_, and Durbin’s re- 128 6
cursion (i = 4)
LPC (9) Calculate 1/E;_, and Durbin’s re- 128 6
cursion (i = 5)
LPC (10) Calculate 1/E;_, and Durbin’s re- 128 6
cursion (i = 6)
LPC (11) Calculate 1/E;_, and Durbin’s re- 128 6
cursion (i=17)
LPC (12) Calculate 1/E;_, and Durbins’s re- 128 6
cursion (i = 8)
LPC (13) Calculate 1/E 128 6
LPC (14) Calculate Vi(m),m=0,1,...,8 12 41
LPC (15) thru Idle 12 each 26
LPC (24)
Total (% used of available) 1777 (12%)  688% (67%)

! For signal 51 dB down from peak; shorter execution time for stronger signals.
2 Locations include only the subroutine call; subroutine previously counted.
3 Total includes 17 locations of the power-up initialization routine not listed above.
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Table Il—Sample update timing and program memory (by function)

Execution Program
Label Function Time (us) Locations

Read #1 Read and u-to-linear convert 3 11
sample

Output Output one frame feature coeffi- 6 29
cient

Read #2 Read and u-to-linear convert
samples

Move and pre-emp Shift sample buffer by four sam- 60 54
ples and preemphasize four
samples

Window Calculate window values and ap- 111 123
ply three times to four samples

Read #3 Read and p-to-linear convert
sample

Autocorrelation Use four samples to update nine 193 118
autocorrelation vectors for
three overlapped frames

Read #4 Read and u-to-linear convert
sample

Total (% used of available) 337 (62%) 335 (33%)

As a result, the sample update program has a pipeline delay of four
samples. The frame recursion program calculates on the frame just
completed and produces the output of a feature vector within one
frame period after the end of the corresponding frame.

V. PROGRAM IMPLEMENTATION

This section describes several novel programming techniques that
were required to implement the FXDSP. The most scarce resource
was program memory; execution time and read/write memory were
available in sufficient quantities. Therefore, most innovations were
directed toward reducing the amount of program memory required at
the expense of increasing execution time or read/write memory re-
quirements. The specifics of program module size, execution time, and
execution sequence are covered in Tables I and II.

One major problem, the negotiation between the input sample time
scale of 150 us and the output frame time of 15 ms, was solved by the
program architecture discussed in the previous section.

A second problem was the Hamming window computation. Because
of the frame size and overlap, each sample falls into the first third of
one analysis frame, the second third of the previous analysis frame,
and the final third of the twice previous frame. Additionally, after
every 100 samples—when one of the three frames is completed—the
relationship of the three analysis windows rotates cyclically. As a
result, the Hamming window presented both the problem of producing
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the cosine-based values and rearranging the segments of the window
upon completing a frame.

In earlier implementations,*!® the Hamming window was stored as
a table in program memory. In this implementation, program memory
was too scarce, so a Taylor series expansion was used instead. Each
third of the Hamming window (100 samples) was computed from a
third-order Taylor series expansion about its midpoint (sample 50,
150, and 250). A comparison of the exact and approximate Hamming
window is shown in Fig. 6 in both the time and frequency domain.
The approximated window has been slightly shifted up to each com-
parison—its peak value is actually identical to the peak of the exact
window.

To conserve program memory, several pieces of program modules
were shared for multiple functions, sometimes with multiple exit
points. For example, to perform the division required by eq. (13), the
reciprocal of the energy E was calculated. An efficient reciprocal
routine developed by Daugherty'® was used, but required that the
number for which the reciprocal was being formed be between 1 and
2. To build a general-purpose reciprocal routine, the number was first
normalized to fall within the desired range. The reciprocal was re-
adjusted to its true value to compensate for the normalization. The
reciprocal normalization is the same operation as the amplitude nor-

_APPROXIMATE
“T(SLIGHTLY MOVED UP)

EXACT-—

LOG MAGNITUDE

| 1
0 1 2 3

KILOHERTZ

1N 1N W T N O (N (N N s I U N O e I |
0 100 200 300

SAMPLE

Fig. 6—Comparison of exact and Taylor series approximation of Hamming window.
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malization and log energy calculation performed at LPC(1) [eq. (10)],
and the same program performs both functions. However, for ampli-
tude normalization, the program is exited before the reciprocal calcu-
lation is executed. Thus, the reciprocal routine, which requires 181
program locations, shares 99 of these locations with the gain normal-
ization program, saving on overall program space.

An important way to conserve program space was the development
of a means of computing Durbin’s recursion with a common piece of
code for all orders, i = 1, 2, - - -, 8. Although the recursion is readily
executed as a subroutine in microprocessor and Fortran implementa-
tions, it is difficult to perform as a subroutine in a programmable
signal processor. This is because a DSP does not allow enough address-
ing capability to handle the two-dimensional array of a and the one-
dimensional arrays of k, E, and R. A DSP typically provides only
indirect addressing with the ability to increment one of two or three
pointer registers by a fixed amount. An implementation of Durbin’s
recursion, if strung out, requires 536 program locations (not including
the reciprocal calculation). With the iteration-independent form used
here, that figure drops to 119 program locations.

By careful assignment of memory locations and proper sequencing
through the arrays «, &, E, and R, all address calculation was rendered
to be sequential within one iteration, that is, only in increments or
decrements of one location.!” This type of address sequencing is within
the capability of the signal processor, and makes possible the single
subroutine for all iterations. This allowed the frame-recursion program
and the sample update program to fit together in the 1024 locations
of program memory.

The LPC test coefficients V;(m) produced by the recursion are
scaled by a power of 2 before output to obtain V,(m):

Vi(m) = 2™V (m), (20)
where
n(m) = 0; m=0,1,23 (21)
=1; m=4,5 (22)
=2 m=26 (23)
=3; m=17 (24)
= 4; m = 8. (25)

This scaling is to compensate for a scaling performed on reference
coefficients by a factor of 2"™ to allow each reference coefficient to
be represented in 12 bits of memory. The values n(m) are based on
statistical analysis of the dynamic range of reference coefficients.'?
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To conclude the examination of program implementation, it is
important to examine the arithmetic precision used in the signal
processing. The u-law speech is immediately converted to 13-bit linear
encoding and is multiplied by 32 to attain an 18-bit word.length. All
sample update processing before autocorrelation—that is, eqs. (5)
through (8)—is performed with 16 bits of precision, with the only
approximation being introduced by the Taylor series expansion of the
Hamming window. The autocorrelation calculation, eq. (9), is per-
formed with 34 bits of precision, which represents full accuracy for
the 13-bit speech samples. Double-precision storage is used on the 34-
bit autocorrelation vectors.

A completed frame of autocorrelation vectors is normalized and then
truncated to 15 significant bits [eqs. (10) and (11)]. This allows the
remaining LPC recursion to be computed on single-precision data.
Fifteen-bit precision has been shown to be adequate for fixed-point
implementation of Durbin’s recursion.’® The LPC recursion [egs. (12)
through (16)], including the reciprocal calculation, is computed to at
least 16 bits of precision. Often, for computations such as the accu-
mulation of sums, eq. (13), the full 40-bit accumulator is used before
rounding the sum to the single-word size.

As a result of maintaining full precision throughout the calculation,
the difference between the LPC calculation, as computed by the
FXDSP and as computed by full-precision floating point simulation,
is minimal, as will now be described.

VI. COMPARISON WITH FLOATING POINT SIMULATION

To evaluate the performance of the FXDSP, a comparison of LPC
feature measurement as calculated by the real-time FXDSP hardware
was compared to LPC feature measurement as calculated by a floating
point Fortran simulation running in non-real-time. The input to both
routines was a common file of digitized speech, and final comparison
was made using the log likelihood spectral distance used in speech
recognition. This allowed relative comparison of errors introduced by
the FXDSP to typical speech recognition scores.

The two-path program flow is shown in Fig. 7. Input at the left is a
linear-encoded, 16-bit-per-sample speech file that had been band-
limited to 3.2 kHz and sampled at 6667 samples/s. The program
module FORMAT produced two speech files, one in format suitable
for down loading into a DSPMATE—a hardware development tool
for the AT&T Bell Laboratories DSP—and the other a standard
integer speech file for Fortran simulation. Because the FXDSP is
intended for use with a u-law CODEC, one step in the DSPMATE
formatting is the conversion of the speech file from linear to u-law
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Fig. 7—Program module architecture for FXDSP verification.

encoding. The FXDSP immediately converts each sample back from
u-law to linear.

The upper path represents the route through the DSPMATE. The
file capable of being down loaded is sent to the DSPMATE, where it
is presented as file input in real time to a DSP chip running the LPC
feature-measurement program. The resulting outputs, consisting of
log energy 7, gain-normalized autocorrelations R;(m), and LPC test-
pattern coefficients Vi(m), m = 0, 1, --., 8, are then up loaded,
reformatted for Fortran simulation (FORMAT2), and input to a log
likelihood distance computation program (DIST). The tilde over a
quantity indicates that it was calculated by the FXDSP.

The lower route from FORMAT is passed through a floating point
computation (FXFLOAT) that produces the values of r;, R/ (m), and
Vi(m) in a file that is in a format identical to that produced by
FORMAT2.

Program DIST computes the log likelihood distance of Itakura® for
test coefficients produced by the FXDSP and reference coefficients
produced by the floating point simulation. Reference coefficients
F;(m) are produced from the LPC coefficients of eq. (18) as follows:

8
FO =3 a? 26)
j=0
8—m
Fi(m) = 2.2"™. ¥ a;qj4m; m=12 ..., 8. @27
=0

The values of n(m) are given in eqs. (21) through (25).
The distance calculated by DIST is for test and reference frames
taken from the same sequence of speech samples and is given by
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8
d, = log 22) Fi(i)- V1) (28)

For test and reference coefficients computed with full precision from
the same speech samples, d; = 0.

The comparison was performed on 161 frames of speech taken from
spoken digits. The dynamic range of the speech was 38 dB.

In Fig. 8a, a histogram of distances computed according to eq. (28)
is displayed. The negative distances are a normal result of taking the
log of a quantity that is slightly less than 1 due to round-off error.
The average of the distances is 0.021.

This distance is negligibly small compared with the distances asso-
ciated with the variation in word pronunciation shown by scores for
correct word recognition. In Fig. 8b, the error histogram of Fig. 8a is
overlaid on the histogram for correct word recognition using the same

FXDSP ERROR
HISTOGRAM

1 1a | Illllll d " M|
0.1

/ LPC DISTANCE -

_ CORRECT WORD
-~ HISTOGRAM

FXDSP ERROR
HISTOGRAM\\\

(b)

0 0.5 1.0 1.5
LPC DISTANCE

Fig. 8—Comparison of LPC distance from FXDSP to distance of correct word
matches.
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distance measurement.'® The average of the correct recognition scores
is about 0.45.

The distance of the FXDSP calculation from the true floating point
computation is significantly less than the distance arising from vari-
ation when a given analog waveform is digitized at randomly varying
phase. This distance, measured by repetitively playing taped speech
with a professional quality recorder into a digital speech recognizer,
averages about 0.035.2°

The major source of error between floating and FXDSP computation
arises from the linear-to-u-law-to-linear conversion that is performed
on the FXDSP path through Fig. 7, but not on the floating point path.
Table III shows a sequence of particularly large distances that con-
tributed to Fig. 8 in the left column. In the right column are the much
smaller distances that result from performing linear-to-u-law conver-
sion, followed by u-law-to-linear conversion, on the speech at a point
immediately preceding the floating point LPC analysis (FXFLOAT).
The average distance here drops from 0.09 to 0.012. A preliminary
investigation on more speech frames suggests that about 75 percent of
the distance between floating point simulation and FXDSP imple-
mentation is because of the linear-to-u-to-linear conversion.

Vil. SUMMARY

A single-chip basic building block for LPC-based connected- and
isolated-word recognition systems has been described. The single chip
is an appropriately programmed digital signal processor of AT&T Bell
Laboratories.

Because the major limitation in attaining single-chip implementa-
tion was the amount of program memory available, several novel
programming techniques were used to conserve program memory.
These included (1) development of a program architecture that inter-
leaved a background mainframe inversion program with a foreground

Table Ill—Comparison of FXDSP-to-
floating point distances—with and
without linear-u-law-linear conversion in
floating point computation

Frame Without With
1 0.100 0.013

2 0.147 0.008

3 0.055 0.035

4 0.226 0.008

5 0.052 0.020

6 0.010 0.001

7 0.009 0.002
AVG 0.090 0.012
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sample update program, (2) development of a form of Durbin’s recur-
sion suitable for implementation as an iteration-independent subrou-
tine, (3) use of overlaid subprograms with multiple exit points, and (4)
use of a Taylor series expansion, rather than a look-up table, to store
and permute segments of a Hamming window.

Comparison with numerical simulations shows that the error intro-
duced by the implementation is negligible. This good match renders
the chip suitable for use in systems that use quantities calculated in
floating point on general-purpose computers, such as statistically
clustered templates or frames for speaker-independent work recogni-
tion or for recognition based on vector quantization or hidden Markov
modeling.
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