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- shown in Fig. 11. Address access time is 6 ns at T, =

T
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put, and data output are shown. In this measurement, there
was no foading of the data output and the input and output
voltages are measured on bonding pads in the chip, resulting
in a iittle faster access time than in a standard condition
measurement. Simulated internal delay time components of
a critical path are summarized in Fig. 11. An address input
and data output waveforms of a critical access path are also
25°C,
and V=5V with a 30-pF load connected to each of the
four common input/output pins. The fabricated SRAM’s
have been tested using N2 test patterns. All four outputs’
functional ability has been measured for a power supply
voltage of 4 t0 7 V.

443

V. ConcLusioN
- A 256-kb BiCMOS TTL SRAM has been demonstrated

‘with an address access time of 6 ns. The high performance of

the SRAM is dué to the new BiCMOS circuit technologies.
These include: 1) a low-input-capacitance BiCMOS gate
which reduced the gate loads in a decoder, 2) a reduced-load
multiplexer-line sense amplifier, and 3) the two-level-preset-
ting architecture of the TTL output buffer which reduced
the output-drive-current change rate to 20 mA/ns for a
% 8-b configured chip with a propagation delay time of 1.5
ns. The current change rate is about half of the conven-
tional-type output buffer. .

ACKNOWLEDGMENT

The support and direction provided by M. Yoshimura,
T. Itou, Y. Sakai, K. Motohashi, M. Nishihara, M. Okamura,
and N. Momma are appreciated. -

REFERENCES

[1! M. Takada er al, “A 5 ns 1 Mb BiCMOS SRAM,” in ISSCC
Dig. Tech. Papers, Feb. 1990, pp. 138~139.

[2] Y. Maki er al., “A 65 ns 1 Mb BiCMOS ECL SRAM,” in
ISSCC Dig. Tech Papers, Feb, 1990, pp. 136-137.

[3] H. Okuyama er al., “A 7.5-ns 32K X8 CMOS SRAM,” JEEE J
Solid-Sate Cm:um vol. 23, pp. 1654-1059, Oct. 1988.

{4] Y. Urakawa er al., “11.5 ns IMX1/256K x4 TTL BiCMOS
SRAM’s with wvoltage- and temperature-compensated inter-
faces,” in Symp VLSI Circuits Dig. Tech. Papers, May 1989, pp.
69-70. -

[5] K Sasaki et al, “A 9-ns 1-Mbit CMOS SRAM,” IEEE J.
Solid-State Circuits, vol. 24, pp. 1219-1225, Oct. 1989.

[6] N. Tamba et al., “An 8-ns 256K BiCMOS RAM,” IEEE J.
Solid-State Circuits, vol. 24, pp. 1021-1027, Aug,. 1989.

A VLSI Grammar Processing Subsystem for a Real-Time
Large-Vocabulary Continuous Speech Recognition System

D. C. Chen, R. Yu, J. Rabaey, and R. W. Brodersen : .

Abstract —This paper summarizes the architecture and implementa-
tion of a grammar processing subsystem wkich is part of a large-vocab-
ulary continuous speech recognition system. This subsystem contains
two custom VLSI chips that perform the evatuation of starting word
probabilities associated with the across-word transitions in the hidden-
Markov-model (HMM-) based speech recognition system, This system
has a maximum computation rate of 200 MOPS and an I/0 bundwldth

of 265 megabytes /s.
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1. InTRODUCTION

hidden-Markov-mode] (HMM-) based algorithms are
currently the most effective techniques used in speech
reoogmt:on systems [1], {2] and can achieve high word accu-
racies of 95.5% up to 98.5% (June 1990 DARPA benchmark
test). These techniques have superseded the template-based
dynamic-time-warp algorithms [3] for high-accuracy speech
recognition. Since these algorithms are too complex to be
run in real time on gencral-purpose computers, it is neces-
sary to develop speclal-purpose hardware.
Our system [4] uses HMM algorithms along with ianguage
models to recognize, in real time, continuous speech com-
posed of a 3000-word vocabulary. It will be able to run a

0018-9200,/91 /0300-0443$01.00 ©1991 IEEE




444 IEEE JOURNAL OF SOLID-STATE CIRCUITS, VOL. 26, NO. 3, MARCH 1991
WORD MODEL MEMORIES CONTROL/ _Gmmm_ar :
EPSILON Processing
PROCESSOR
o1 . Subsystiem
PROCESSOR YOCESSOR ?O " N X
- : 11 11
. oM orn o G
Word
. l 1 1
mhg BACKTRACE ]
MEMORY ] M M
Subsystem

Fig. 1.

class of HMM-based systems being developed at SRE, BBN,
and CMU [5], [6).

The speech-recognition portion of our system communi-
cates with a front-end board which does the A /D conversion
and acoustic extraction, and with a 68020-based microproces-
sor control board. Fig. 1 shows the key sections of the
speech-recognition portion. It is logically and computation-
ally partitioned into two subsystems. The word processing
subsystem, which performs the Viterbi algorithm to find the
probabilities of states within individual words and also the
probability that a word ends, was presented in [7). Speech
recognition accuracy is enhanced when syntactic constraints
are imposed on the concatenation of individual words in the
vocabulary. This task is performed in the granwnar processing
subsystem, which searches for the most probable word se-
quence given transition probabilities in this end-of-word to
start-of-word, or bigram, model. An N-gram model approxi-

mates the conditional probability of one word, given all the .

previous words, as the probability of one word given the past
N —1 words: )

P(Wi’w}—:’w}—m : Wl) P(WI i1 Wi2s® "sWi-N)-
1)

A simple model, the bigram model (N = 2), represents
P(W}"’Vi-nW:uz,"HWl)'“'—P(W}lwi-:)- (2)

The grammar processing subsystem computes the probabili-

ties that words start by using a set of transition probabilities

between words and the probability that a word ends.

The grammar processing subsystem combines the acoustic
word sequence probabilities, generated by the word process-
ing subsystem, with precompiled word sequence probabilities
generated by a grammar mode! of the English language. The
model currently supported is a statistical grammar which
allows transitions between all words. The recognized sen-
tence is the sentence with the highest combined acoustic and
language model probabilities.

This paper elaborates upon the algorithm, architecture,
and :mplementatlon of the grammar subsystem that was
presented in [8].

I1. OTHER APPROACHES

A 20000-word speaker-dependent isolated-word récogni—
tion system has been constructed at IBM {9). It runs in real
time using programmable digital signal processors. This sys-

Block diagram of the word processing and grammar processing subsystems.

‘termn uses a sophisticdtcd tn'gram'grammar 1o improve recog-

nition results by emphasizing likely three-word sequences.
The trigram model (N = 3) represents
W) = P(WiW, W), ()
The reason why the IBM system can recognize such a large
vocabulary using a sophisticated grammar is that it is re-
stricted to isolated-word speech, alliowing grammar process-
ing 10 be done only once per word (about once a second)
instead of once per spectral sample (about 100 times per
second). Grammar processing for trigram grammars is obvi-
ously much greater for continuous speech than for isolated
speech. Isolated speech also sngmﬁcantly reduces the number
of word candidates to choose among in a given posmoa.
Also, because words cannot overlap each other, prunmg is
more effective. Because of these differences between iso-
lated and continuous speech, the IBM hardware approach is
not applicable to continuous speech recognition.

Other researchers [10] have constructed a system (BEAM)
for 1000-word continuouns speech recognition using several
parallel microprocessors and digital signal processors. BEAM

P(lyilnfi—hu’:'—-z’

_ approaches real-time performance when the system uses &

constrained bigram grammar. This is also referred to as &
finite state grammar where only certain-word sequences are
allowed. BEAM can process approximately 8000 candidates
(in this case, states in an HMM speech-recognition system)
in real time per 10-ms frame. This may be sufficient for a
1000-word vocabulary using a finite state grammar, but with
a larger vocabulary and a more complex grammar, as many
as 100000 to 300000, such candidates will have to be pro-
cessed per frame. Thus, a technology based on general-pur-
pose processors is expected to require considerable hardware
replication to run this task.

We have found that the largest bottlemeck in the system
which we have designed for large-vocabuim'y real-time con-
tinuous speech recognition is located in the access of the
memories {4). The architecture exploits several techniques
including task and memory partitioning, hardware replica-
tion, wide 1/0, and single-cycle memory reads and writes 10
overcome this bottleneck. The throughput requirements arc
achieved using extensive pipelining in our special-purpose
data paths (13 levels in the word processors and five levelsin
the grammar processors). To our best knowledge, these




achievable by existing means.

1Il. ALGORITHM

Within each frame of 10 ms, the grammar subsystem
evaluates the probabilities that words in the vocabulary start
and keeps pointers to the most probable paths leading to
those words. These pointers are used to reconstruct, or
. backtrace, the most probable word sequence upon sentence
completion. The algorithms used to evaluate the word proba-
bilities are based on two models: the statistical grammar
model and the ¢ model. The statistical model is used to

the € model is for word arcs with low probabilities.

A. Statistical Model

The statistical grammar model allows any word to follow
any other word. Associated with the ith word produced by
the word processing subsystem is a probability PGO,, the
probability that the word { ends at a particular point in time.
The grammar subsystem calculates a probability PGI;, the
probability that word j starts in the next frame. This jth
successor word probability is ther sent back to the word
processing subsystem. The probability PGI_,-G( ¢t + 1) under the
statistical grammar model is found by using

PGIZ(t +1)— [PGO(t)XcU] (4)
where ¢;; is the transition probablhty from word { to word J.
.The evaluation in (4) is terminated when the probablhty falls
below a programmable threshold

B. € Model

For a vocabulary of 3000 words, a fully connected graph
would require 9000000 transition evaluations and storage
locations. To alleviate the excessive computational and stor-

graph, we have adopted a simplified model, called the
model, to handle word arcs with low probabilities. We shall
see later how storage requirements are reduced from N2 to
2N for a vocabulary size N by using the € model.

In this model, transitions with high probabilities are still
treated as before as shown in modified equation (5):

PGIF(t+1) = [PGOL(t) xe;;}. (5)

max
i € allhighprobabilitywords
C,;’s with low probabilities are approximated by probability
€ whcre €;;=¢€; X €;. €; represents a probability out of the
ith word, and €; represems a probability into the jth word.
The probability "PGI (¢ +1) calculated under the € model is
: found similarly:

PGIf(t +1) = max
i € allwords

[PGO(1) % ] X¢;.  (6)

The successor probability sent to the word processing subsys-
tem is the larger of the word probabilities calculated under

(5) and (6):
PGI(t +1) = max | PGIF (1 +1), PGIf (¢ +1)].

Associated with the successor word probability PGI isa
backtrace pointer to the most probable predecessor word

~~techniques-will ‘enablealevel of speech processing not -

handle word arcs (transitions) with high probabilities, and-

age requircments associated with modeling a fully connected |
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Fig. 2. Biock diagram of grammar processing subsystem.

IV. SUBSYSTEM ARCHITECTURE

Fig. 2 shows a high-level block diagram of the grammar
processing subsystem. The grammar processor implements
(5) and the epsilon processor implements (6) and (7). The
grammar processor handles the subset of word arcs with high
probabilities and the epsilon processor handles the low prob-
abilities.

A. Task Partitioning

To meet the computational requirements in the statistical
grammar model, we partitioned the task into several gram-
mar processors. With a 5-MHz system clock, a single gram-
mar processor can update 50000 starting word probabilities
in the 10-ms time frame. This corresponds to an dverage of
17 successors per word, given a 3000-word vocabulary. A
5-MHz clock was selected since this corresponds to the
normal I/0 rate of the dynamic randorn access memories
used to store the model,

The initial oonfiguratlon will have four grammar proces-
sors working in paralle! to update an eguivalent 200000
starting word probabilities, or an average of 70 successors
per word. Each grammar processor updates a subset of the
total word probability memory. With this partitioning, mem-
ory contention among grammar processors is not present and
duplication of memory is not required.

With this architecture more grammar processors can be
added to handle systems with larger grammars and/or to
increase overall throughput.

B. Memories

The word and grammar processing subsystems communi-
cate through several FIFO's, which buffer the word probabil-
ities (PGO) and their associated backtrace pointers. Each
processor monitors and accesses its own FIFO, a]lowmg for
mdcpendem and concurrent operation.
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The probabxlmes €; and ¢; associated with each word are
stored in the Epl and Ep2 memoncs, respectively, and are
accessed by the epsilon processor.

Each successor memory is accessed by a separate grammar
processor and contains the lists of successor words handled
by that grammar processor. An entry in the successor mem-
ory contains three fields: the first is ap address of the

_successor in the word probability memory; the second is a

transmon probability c;; to that successor; and the thxrd iss
flag indicating the end of the current successor list.

The word probability memory consists of two banks corre-
sponding to the starting word probabilities (PGI) at the
current and next time frames. Each bank is further subdi-
vided into four groups, representmg the successor
partmonmg During a given time frame, the “cusrent” bank
is accessed by the cpsﬂon prwessor, and the “next” bank is
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Fig. 5. Simplified block diagram of epsilon processor.

accessed separately by the four grammar processors. The
access of these banks is swapped with each successive time

frame.

An entry in the word probability memory contains two
fields: the word probability itself and the associated back-
trace pointer to the predecessor word. |

C. Operation )
The detailed operation of the subsystem is described in [8].

V. PROCESSOR IMPLEMENTATION

To implement the architecture summarized above, we
designed two custom VLSI chips using the Lager IV CAD
system [11] and manufactured them in 2-pm CMOS technol-

-

ogy through the MOSIS facility. This section presents some
features of these custom chips. .

In both of these chips, arithmetic operations are done in
the log domain so that adders can be used instead of multi-
pliers, thereby conserving chip area.

’

A. Grammar Processor

Fig. 3 shows a detailed block diagram of the architecture
of the grammar processor. The main architectural features
are: 1) the algorithm is hardwired into the data paths; 2) high
performance is achieved through extensive pipelining and
paralielism; 3) operators are very simple (add and compare);
and 4) many 1/0 ports are necessary to support the wide
communication bandwidth requirements.
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For the ith incoming word, a grammar processor looks
into the successor memory to find the precompiled list of
successor words and their transition probabilities c;;’s. The
probability PGI; P(t +1) of the jth successor word is next
fetched from thc word probability memory, and compared to
the product of PGO(t) and c¢;;. The larger of the two is
written back into the word probability memory as PGI/(z +
1). These operations are pipelined, which meant that the
grammar processor had to perform a read and write into
different locations in the word probability memory within a
200-ns cycle. This was a critical part of its design and this
necessitated the use of fast external static RAM parts, and
special timing precautions to accommodate those parts. Be-
cause of this feature, a single grammar processor can process
approximately 50000 word arcs in the 10-ms frame.

A dynamic threshold mechanism allows the grammar pro-
¢essor to stop processing the remaining successors of a given
word once the probability of the successors falls below the
threshold. The transition probabilities c;; in the successor
memories are stored in decreasing order, so that we can
easily detect when this threshold is crossed.

The grammar processor has 142 s:gnal pins, 11385 transis-
tors, and a die size of 9.7x10.5 mm? Fig. 4 shows the die
photo of the processor.

B. Epsilon Processor

The epsilon processor contains two independent sections,
each with its own controller and data paths. Fig. 5 shows a
simplified block diagram of the epsilon processor. One sec-
tion calculates the running maximum over the product of
each word probability and its associated € value, The other
section calculates the product of this maximum value ard the
associated ¢; value and compares it to the word probabili-
ties. The epsﬂon processor sends the maximum of these two
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values to the word processing subsystem according to (7)Jt
-also signals completion after all the words in the vocabulary
~ have been sent to the word processing subsystem and all the
grammar processors are finished with updating suocwsor
probabilities.

The epsilon processor has 157 signal pins, 10775 transis- ;.
tors, and a die size of 9.8%9.7 mm® Fig. 6 shows the die ;
photo of the processor.
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This paper has summarized the architecture and custom3
implementation of a grammar processing subsystem for a;
rcal-time large-vocabulary continuous speech recognition :
system using hidden Markov models. Our prototype has 3000 § §
words, and larger vocabularies and higher throughput can be’f
obtained by adding more grammar processors. All circuits <
have been silicon compiled using the Lager IV system [11) 7 %
and were working on first silicon. The systern has been
completely simulated in software and construction of the:
boards is in progress. Architectural enhancements are also 3
being considered to allow for larger vocabularies and more
complex grammars. . )
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