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APPARATUS AND METHOD FOR DETERMINING 
THE BEGINNING AND THE END OF A SPEECH 

UTTERANCE 

BACKGROUND OF THE INVENTION 
This invention pertains to the processing of speech 

signals and, more particularly, to apparatus for detect 
ing the beginning and end, i.e., the endpoints or bound 
aries, of a speech utterance. . . . 1. 

It is well known that one of the goals of modern com 
munications research is to facilitate communication be 
tween man and machine, preferably to an extent that 
the human voice may be utilized to control and direct 
the operations of a machine, e.g., a computer. Thus, 
the fields of speech recognition, speech verification, 
and automatic voice response are currently the subject 
of extensive research. Generally, for these applications, 
speech must be stored in digital form. Typically, a file 
of speech is created and stored in a suitable memory, 
e.g., a fixed head disk or drum. In order to efficiently 
store speech, it is necessary that individual words and 
phrases be stored in memory without intervening peri 
ods of silence between entries. Thus, the need to auto 
matically locate the beginning and end of a speech ut 
terance frequently arises in speech processing for man 
machine communication. 

DESCRIPTION OF THE PRIOR ART 
Conventionally, the task of determining the end 

points of a speech utterance has been accomplished by 
manual editing, utilizing a combination of auditory and 
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visual examinations of the speech waveform. However, 
manual editing is both time-consuming and subject to 
the inaccuracies concomitant with human judgment. 
Furthermore, repeatable results are not normally ob 35. 

the article by P. Cummiskey, N. S. Jayant, and J. L. tained. One reason for this is that the wide dynamic 
range of speech renders the combination of ear and eye 
a poor determinant of word boundaries. This is espe 
cially true when an unvoiced segment of speech, e.g., 
the fricative at the beginning of the word "three,' ap 
pears at the beginning or end of a word. Consequently, 
manual editing usually results in shortening the speech, 
both at the beginning and at the end of the utterance. 

. Thus, the words are "chopped,' and when they are 
concatenated to form a message, the effects are quite 
discernible and also distracting. 

It is thus an object of this invention to efficiently, ac 
curately, and automatically detect the beginning and 
end of a speech utterance. - 

SUMMARY OF THE INVENTION 
This and other objects of this invention are accom 

2 
fixed interval of time. Likewise, the end of an utterance 
is detected when the code word energy falls below the 
threshold for another fixed interval of time. 

BRIEF DESCRIPTION OF THE DRAWINGS 

FIG. 1 depicts a prior art ADPCM coder which may 
be used in the practice of this invention; 
FIG. 2 displays the code word sequence for the utter 

ance “oh'; 
FIG. 3 displays the decoded speech waveform corre 

sponding to the code word sequence of FIG. 2; 
FIG. 4 is a block diagram of apparatus used in the 

practice of this invention to determine code word en 
ergy, 
FIG. 5 is a block diagram of apparatus used in the 

practice of this invention to determine the beginning 
and end of a speech utterance; 

FIG. 5A is a block diagram depicting the system op 
eration of this invention; 
FIG. 6 displays the code word sequence for the be 

ginning of the utterance “three'; 
FIG. 7 displays the code word energy corresponding 

to the code word sequence of FIG. 6; 
FIG. 8 displays the decoded speech waveform corre 

sponding to the code word sequence of FIG. 6; 
FIG. 9 displays the energy of the speech waveform of 

FIG. 8: 
FIG. 10 displays the code word sequence for the end 

of the utterance “three'; and 
FIG. 11 displays the speech waveform corresponding 

to the code word sequence of FIG. 10. 
DETAILED DESCRIPTION OF THE INVENTION 
FIG. 1 depicts a prior art adaptive differential pulse 

code modulation circuit which is described in detail in 

Flanagan, entitled "Adaptive Quantization in Differen 
tial PCM Coding of Speech,” Bell System Technical 

40 
Journal, Vol. 52, pp. 1105-1 118, September 1973. In 
the ADPCM coder of FIG.1, differential input ampli 
fier or network 11 develops an output signal propor 
tional to the difference between an applied sampled 
speech signal and a signal which is an estimate of the 

45 

50 

plished by utilizing an adaptive speech encoder, e.g., an 
adaptive differential pulse code modulator (ADPCM), 
an adaptive delta modulator, etc. It has been discov 
ered by us that because of the step size adaptation used 

55 

', incoming speech signal. This difference signal is quan 
tized in adaptive quantizer 12 and applied to encoder 
13 and to summing amplifier or network 14. Summing 
amplifier 14, in conjunction with first order prediction 
network 15, having a transfer function, for example, of 
az', is utilized to develop an estimate of the incoming 
speech signal. If the estimate of the input speech signal 
is fairly accurate, then the difference signal emanating 
from network 11 will be small and thus more accurately 
represented by a fixed number of bits than the input 
speech samples themselves. The difference signal, al 
though nowhere near as redundant as the original 
speech signal, still exhibits a wide amplitude range. In 

in developing adaptive encoded speech, an adaptive 
speech encoder effectively exhibits a form of automatic 
gain control useful in determining the endpoints of an 
utterance. Coded output words of such a coder, it has 
been found, exhibit high energy during both voiced and 
unvoiced speech, but not during background silence. 
However, the code word energy is not simply and di 
rectly related to the energy of the original speech sig 
nal. Thus, in accordance with this invention, the begin 
ning of a speech utterance is detected when the code. 
word energy exceeds a predetermined threshold for a 

60 

65. 

order to make efficient use of the available quantiza 
tion levels of quantizer 12, the peak excursion of the 
signal should be matched to the range of the quantizer 
or vice versa. Thus, for low level signals such as frica 
tives, the absolute amplitude value of the quantizer step 
size should be small compared to that required for high 
level voiced sounds. Accordingly, the need for adaptive 
quantization is apparent; logic network i6 utilizes the 

. coded speech signals (code words) emanating from en 
coder 13 to determine optimum quantization steps. 
That is, logic network 16 monitors the coded output of 
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encoder 13 and provides for adaptation of the step size 
on the basis of the most recent encoded quantizer out 
put. For example, if the code word corresponds to one 
of the higher levels, the quantizer is overloaded and the 
step size is increased. On the other hand, if the code 
word corresponds to one of the lower levels, the step 
size is decreased. Step size adaptation effectively com 
pensates for amplitude variations to the extent that the 
quantizer treats low level unvoiced speech signals, e.g., 
fricatives, much the same as high level voiced speech 
signals. The objective, of course, is that each of the 
quantizer levels be used a significant portion of the 
time regardless of the absolute amplitude level of the 
incoming speech samples. However, when the ampli 
tude of the input speech signal is of the order of the 
minimum step size, the adaptation logic insures that the 
step size will seek its minimum value and the difference 
signal will then fall within the lowest quantization lev 
els. We have discovered that when no speech is present 
at the input, the code word energy will vary only 
slightly. It is this feature of ADPCM speech encoding, 
and of adaptive encoding in general, that is turned to 
account in the practice of this invention. It is to be un 
derstood that the principles of this invention are appli 
cable to all forms of adaptive encoders including 
ADPCM and adaptive delta modulation. 
FIG. 2 is an exemplary display of code word activity 

for the voiced utterance “oh.' Each line, A, B, C, D of 
FIG. 2, corresponds to approximately 256 samples (6 
kHz sampling rate) of the applied speech utterance, 
i.e., approximately 40 milliseconds of the signal. Line 
B is to be considered a continuation of line A, line C 
a continuation of line B, etc. It is noted that for line A, 
and for most of line B, the code words show little activ 
ity, remaining for the most part within a limited range 
of quantization levels. This first part of the code word 
sequence corresponds to background silence. How 
ever, at almost the end of line B, and then for the re 
mainder of lines C and D, the code word sequence fluc 
tuates much more rapidly and with greater amplitude. 
FIG. 3 illustrates the decoded speech waveform corre 
sponding to the code word sequence of FIG. 2. It is 
noted in FIG. 3 that voiced speech apparently com 
mences somewhere near the end of line B and contin 
ues for line C and D. This property of code words to in 
dicate the presence of speech activity is more accu 
rately reflected in what we define as adaptation activity 
or code word energy. The code word energy may be de 
fined as the number of code word adaptations per unit 
time. In one embodiment of this invention, we used as 
a measurement of energy the sum of the squares of the 
code words for one hundred and one samples, or code 
words, corresponding to a 16 millisecond window cen 
tered about a selected sample. That is, the code word 
energy may be defined as 

(l) 

where cci) corresponds to a code word emanating from 
encoder 13 of FIG. 1. Of course, other equivalent defi 
nitions of energy may be utilized. 
In the prior art ADPCM implementation of FIG. 1, 

the largest negative quantization level is represented by 
the binary code word 0000 while the largest positive 
quantization level is represented by the binary code 
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4 
word l l l 1, corresponding to the decimal number 15. 
Thus, it is necessary, if one is using such a symmetrical 
coding system, to subtract from the code words a num 
ber corresponding to the d.c. level or average value of 
the code words to make the average level of the code 
words equal to zero. Of course, a different coding im 
plementation may be utilized which inherently has a 
zero average value. Since the number 7.5, correspond 
ing to the average value, may not be conveniently rep 
resented in digital form, the following definition of en 
ergy may be utilized: 

(2) 

where a(i) = (2 cci) - 15). By using this definition, the 
d.c. level is removed from consideration and the energy 
content of the code words differs from the definition of 
Eq. (1) by only a multiplicative constant. It may readily 
be shown that the energy term defined by Eq. (2) is 
equivalent to 

E(n) = E(n-1) + aOn--50) - a(n-51). 
(3) 

The code word energy, in accordance with this inven 
tion, is computed at each sample of the speech signal 
and compared with a threshold which is established at 
a level intermediate to the measured energy of silence 
and the average measured energy of the speech utter 
ance. When the code word energy exceeds this thresh 
old for approximately 320 consecutive samples, corre 
sponding to about 50 milliseconds of speech, the word 
c(n) at which the energy first exceeded the threshold 
is defined as the beginning of an utterance. The code 
word energy-threshold comparison is continued, and 
when the code word energy falls below the threshold 
for approximately 1,024 consecutive samples, corre 
sponding to about 160 milliseconds of speech, the point 
at which the energy first fell below the threshold is de 
fined as the end of the utterance. The 160 millisecond 
criterion insures that a stop consonant within a word or 
phrase will not be mistaken for the end of the utter 
aCe 

Apparatus for determining the energy of the code 
words in accordance with Eq. (3) is illustrated in FIG. 
4. A code word, coi), emanating from encoder 13 of 
FIG. , is applied to digital doubler 17, wherein it is 
doubled in value to develop a signal 2 cci), which is 
twice the digital value of the applied code word. Digital 
doubler 17 may be of any well-known configuration, 
e.g., a shift left by one bit register will double the value 
of an applied binary signal. Digital subtractor 18 sub 
tracts from signal 2 c(i), a signal supplied by digital ref 
erence register 19. The signal stored in register 19 is 
proportional to the d.c. level or average of the code 
words. In a particular embodiment, the digital signal 
stored in register 19 is equal to fifteen as required by 
Eq. (2). Digital multiplier 21 multiplies the output sig 
nal of subtractor 18 by itself to achieve a squared signal 
which corresponds to the function a(i) of Eq. (2). Both 
subtractor 18 and multiplier 21 may be conventional 
digital arithmetic circuits. The signal output, a(i), of 
multiplier 21 is applied to shift register 22. Register 22, 
which preferably has a digital capacity of one hundred 
and two words, sequentially shifts digital signal aci) 
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through the register at the system clock rate. It is to be 
understood that in the circuitry of FIG. 4, and also in 
that of FIG. 5, that all operations are performed in syn 
chronism with the master sampling clock of the coder 
of FIG. 1, which has not been depicted in order not to 
obfuscate the operation of the instant invention. At any 
point of time, the last digital word stored in register 22, 
i.e., the oldest word in storage, corresponds to a (n-51) 
and the first word stored in register 22, i.e., the most 
recently stored word, corresponds to a (n--50). The first 
and last words of register 22 are combined in conven 
tional digital subtractor 23 to form a difference signal, 
a(n--50) -a(n-51). This difference signal is applied to 
conventional digital adder 24 which, in conjunction 
with delay network 25, develops a signal representative 
of the code word energy as defined in Eq. (3). Delay 
network 25 may be of conventional design and is uti 
lized to delay the output of adder 24 by one clock per 
iod. 
The output signal E(n), of adder 24, is applied to dig 

ital comparator 26 of FIG. 5. Comparator 26 compares 
the energy of each code word E(n) with a signal stored 
in register 27 to determine whether or not the energy 
of the code word is above or below a predetermined 
threshold. The threshold is generally empirically deter 
mined and may be approximately equal to a point mid 
way between the measured energy of background si 
lence and the average measured energy of the speech 
signal, which is readily obtained by averaging the out 
put of the apparatus of FIG. 4. As discussed above, 
when the code word energy exceeds this threshold for 
approximately 50 milliseconds or 300 consecutive sam 
ples, the point at which the energy function first ex 
ceeded the threshold is defined as the beginning of an 
utterance. The apparatus of FIG. 5 is utilized to deter 
mine when this has occurred. Also, when an utterance 
has been determined to have begun, the apparatus of 
FIG. 5 continues to make a comparison of the energy 
of subsequent code words with the threshold signal 
stored in register 27. When the code word energy falls 
below this threshold for approximately 160 millisec 
onds or 1,000 consecutive samples, the point at which 
the energy function first passed below the threshold is 
recorded as the end of the utterance. 
To understand the operation of the circuit of FIG. 5, 

it is convenient to assume that speech is not present at 
the input to the ADPCM coder and, in fact, has not 
been present long enough so that the last indication en 
countered was an end of a speech utterance. This is in 
dicated by certain states or levels for particular circuit 
components. Thus, it may be assumed that output lead 
39 of flip-flop 34 is at a logical 0 state and that output 
lead 41 of flip-flop 34 is at a logical l state. It may also 
be assumed that output lead 43 of digital comparator 
26 is at a 0 state and that output lead 45 of digital com 
parator 26 is at a l state. Accordingly, input lead 42 to 
NAND gate 28 is at a logical state and input lead 44 
to NAND gate 29 is at a logical O state. In accordance 
with the well-known logical rules for NAND circuits, 
input lead 46 to NAND gate 31 is at a logical 1 state 
and input lead 47 to NAND gate 31 is at a logical 
state. Thus, lead 48, connecting the output of NAND 
gate 31 and one of the inputs to NAND gate 32, is at 
a () state and lead 51, one of the inputs to NAND gate 
38, is also at a 0 state. Clock input 49 to NAND gate 
32 is presumed to enable NAND gate 32 upon the pres 
ence of a logical 1 on lead 49. Accordingly, output lead 
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54 of NAND gate 32 is at a logical 1 state; counter 33 
is presumed to be incremented upon the presence of a 
0 level input on line 54. Thus, output leads 55, 56 and 
57 of counter 33, which correspond to the 10th, 8th 
and 6th powers, respectively, of the binary base “two,' 
are at a logical 0 state. Output lead 58 of NAND gate 
35 is thus at a logical l state as is output lead 59 of 
NAND gate 36. Input leads 53 and 52 to NAND gate 
38 are also at a logical 1 state, thus establishing output 
lead 61 of NAND gate 38 at a logical 1 state and output 
lead 62 of inverter circuit 37 at a logical 0 state. Since 
this is the clear input to counter 33, a logical O state is 
presumed to clear the counter. 

If it is now presumed that the energy signal applied 
to digital comparator 26 exceeds the output of digital 
threshold register 27, output lead 43 of comparator 26 
assumes a logical 1 state and output lead 45 of compar 
ator 26 assumes a 0 state. Output lead 46 of NAND 
gate 28 is then at a logical O state and output lead 47 
of NAND gate 29 is at a logical 1 state. Output lead 48 
of NAND gate 31 assumes a logic l state as does lead 
51, which is one of the inputs to NAND gate 38. Since 
input leads 52 and 53 are already at a logical 1 state, 
the output lead 61 of NAND gate 38 assumes a logical 
O state and therefore output lead 62 of inverter 37 as 
Sumes a logical 1 state, thereby allowing counter 33 to 
be incremented. Upon the presence of a logical 1 signal 
at clock input 49 to NAND gate 32, output lead 54 of 
NAND gate 32 assumes a logical O state and counter 33 
is incremented. Assuming that the input, energy signal 
to comparator 26 remains above the predetermined 
threshold, then with each energy word, counter 33 will 
be incremented. When counter 33 reaches a level of 
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320, which corresponds to a 1 output on leads 56 and 
57, output lead 59 of NAND gate 36 assumes a logical 
O state indicating the beginning of a speech utterance. 
The presence of a O level signal on output lead 59 resets 
flip-flop 34 so that a logical 1 signal appears on output 
lead 39 and a logical O signal appears on output lead 
41. Output lead 58 of NAND gate 35 remains at a logi 
cal state. The resetting of flip-flop 34 causes output 
lead 59 to return to a logical l state and in turn causes 
input lead 44 to NAND gate 29 to assume a logical 1 
state and input lead 42 to NAND gate 28 to assume a 
logical 0 state. Assuming that the energy signal remains 
above the threshold, output lead 43 is still at a logical 
1 state, but since input lead 42 to NAND gate 28 is now 
at a logical O state, output lead 46 of NAND gate 28 as 
sumes a logical l state. Output lead 45 of comparator 
26 is still at a 0 state, but input lead 44 to NAND gate 
29 is now at a logical l state. Thus, output lead 47 of 
NAND gate 29 is at a logical 1 state. Accordingly, out 
put lead 48 of NAND gate 31 assumes a logical O state 
as does input lead 51 to NAND gate 38. Input lead 54 
to counter 33 assumes a logical 1 state and counter 33 
is not incremented. Since input lead 51 is at a O state 
and input leads 52 and 53 of NAND gate 38 are at a 
logical l state, output lead 61 of NAND gate 38 is at 
a logical l state and the clear input to counter 33, lead 
62, is at a logical O state. Thus, the counter is cleared 
and output leads 58, 59 remain at a logical 1 state. 
When the energy of the applied code words to digital 
comparator 26 decreases to a level below the threshold 
level established by register 27, output lead 45 of com 
parator 26 assumes a logical 1 state and output lead 43 
assumes a logical O state. Since input lead 42 to NAND 
gate 28 is at a 0 level, output lead 46 of NAND gate 28 
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assumes a logical l state. Similarly, since input lead 44 
to NAND gate 29 is at a logical 1 state, output lead 47 
of NAND gate 29 assumes a 0 logic state. Thus, output 
lead 48 of NAND gate 31 is at a logical state as is 
input lead 51 to NAND gate 38. Upon the occurrence 
of a 1 level on clock input 49 to NAND gate 32, output 
lead 54 assumes a logical O state and increments 
counter 33. Assuming the input energy level of the 
code words remains below the predetermined thresh 
old, counter 33 will be successively incremented but no 
change in the logic states of the circuit will occur until 
leads 55, 56, and 57 of counter 33 all assume a logical 
1 state. This state corresponds to a count of 1024. 
Upon the occurrence of this condition, output lead 58 
assumes a logical O state indicating the end of the 
speech utterance while output lead 59 remains at a log 
ical 1 state. The occurrence of a 0 logic state on output 
lead 58 sets flip-flop 34 back to its original state, i.e., 
output lead 39 assumes a 0 state and output lead 41 as 
sumes a 1 state. Output lead 58 accordingly returns to 
a logical 1 state and the apparatus of FIG. 5 has re 
turned to the conditions initially assumed prior to the 
beginning of the speech utterance. The waveforms ap 
pearing at output leads 59 and 58 of the apparatus of 
FIG. 5 indicate the logic state transition, respectively, 
at the beginning and end of a speech utterance. The 
output signals of the apparatus of FIG. 5 may be used 
in a variety of ways. For example, they may be used to 
gate a register which temporarily stores the code words 
of the apparatus of FIG. 1 so that the code words of the 
speech utterance, determined by the apparatus of FIG. 
5, may be conveyed to a permanent store. Or, if so de 
sired, the signals appearing on leads 58 and 59 may be 
utilized to activate an alarm circuit to indicate to an op 
erator that the beginning and end of a speech utterance 
has occurred. Many other applications, of course, will 
be apparent to those skilled in the art. 
FIG. 5A is a block diagram depicting the overall op 

eration of this invention, as discussed above. Adaptive 
encoder 501 corresponds to the encoder shown in FIG. 
1, code word energy detector 502 corresponds to the 
apparatus depicted in FIG. 4, and threshold detector 
503 corresponds to the apparatus shown in FIG. 5. 
The significant advantages of the instant invention, in 

determining the beginning and end of a speech utter 
ance, are illustrated by FIGS. 6 through 11. FIG. 6 dis 
plays the sequence of code words corresponding to the 
beginning of the word “three." The left-half of line A 
shows very little code word variation and corresponds 
to low level noise. The right-half of line A, and the next 
two lines, B and C, correspond to the initial fricative 
“th' of the word “three.' The code words show mark 
edly greater variation as does the last line, D, which 
corresponds to the beginning of voicing, i.e., "ree.' 
The marker in the middle of line A denotes the begin 
ning point of the speech utterance, as determined by 
this invention. FIG. 7 displays the energy of the code 
words of FIG. 6, as determined by this invention. The 
marker on line A denotes the point at which the energy 
of the code words exceeded the threshold and re 
mained above the threshold for approximately 50 milli 
seconds, as discussed above. It is noted that the code 
word energy is roughly the same for both the voiced 
and unvoiced segments of the utterance while the en 
ergy is significantly lower when no speech is present. 
FIG. 8 displays the actual speech waveform repre 
sented by the code word sequence of FIG. 6. The be 
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8 
ginning of the word “three' is not nearly as evident as 
in the code word sequence; indeed, it is hardly discern 
ible. FIG. 9, which displays the energy of the speech 
waveform of FIG. 8, emphasizes the fact that the begin 
ning of a speech utterance is not readily discernible 
from an examination of the energy of the speech wave 
form itself. FIG. 10 displays the code word sequence at 
the end of the word 'three'. The marker on line B indi 
cates the end point of the utterance as determined by 
the instant invention. FIG. 11 displays the speech wave 
form corresponding to the code word sequence of FIG. 
10. The end point of the utterance is clearly not appar 
ent from an examination of the speech waveform itself. 
The instant invention has been tested extensively in 

determining the beginning and end speech entries for 
a voice response system vocabulary, and has proved to 
be very reliable. Two other aspects of the coded speech 
signal, i.e., the energy of the difference signal of the 
coder of FIG. 1, and the energy of the quantizer output 
were also studied as possible considerations for use in 
the instant invention. However the results based on the 
coded word samples themselves were found to be far 
more accurate. 
What is claimed is: 
1. Apparatus for determining a boundary of an ap 

plied speech utterance comprising: 
means for adaptive encoding said applied speech ut 
terance to develop coded output signals; 

means for developing a signal representative of the 
energy of said coded output signals; and 

means for comparing said representative signal with 
a predetermined threshold signal. 

2. The apparatus defined in claim 1 wherein said sig 
nal representative of the energy of said coded output 
signals is representative of the adaptation activity of 
said means for adaptive encoding. 

3. The apparatus defined in claim 1 wherein said 
threshold signal is representative of an energy level in 
termediate the energy of background silence and the 
average energy of said speech utterance. 

4. Apparatus for determining a boundary of an ap 
plied speech utterance comprising: 
means for adaptive differential pulse code modulat 

ing said applied speech utterance to develop digi 
tally coded output signals; 

means for developing a signal representative of the 
energy of said coded output signals; and 

means for comparing said representative signal with 
a predetermined digital threshold signal. 

5. The apparatus defined in claim 4 wherein said sig 
nal representative of the energy of said coded output 
signals is defined as the sum of the squares of a prede 
termined number of said digitally coded output signals. 

6. The apparatus defined in claim 4 wherein said digi 
tal threshold signal is representative of an energy level 
intermediate the energy of background silence and the 
average energy of said speech utterance. 

7. Apparatus for detecting the beginning of a speech 
utterance, including an adaptive differential pulse code 
modulation circuit responsive to said speech utterance, 
comprising: 
means responsive to the digitally coded output sig 

nals of said modulation circuit for developing a dig 
ital signal representative of the energy of said 
coded output signals; and 

means responsive to said representative signal for de 
veloping an output signal when said representative 
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signal is greater than, for a predetermined interval 
of time, an applied digital threshold signal, said 
output signal indicative of the beginning of said 
speech utterance. . . . . . 

8. The apparatus defined in claim 7 wherein said sig 
nal representative of the energy of said coded output 
signals is defined as the sum of the squares of a prede 
termined number of said digitally coded output signals. 

9. The apparatus defined in claim 7 wherein said digi 
tal threshold signal is representative of an energy level 
intermediate the energy of background silence and the 
average energy of said speech utterance. 

10. The apparatus defined in claim 7 wherein said 
means for developing a signal representative of the en 
ergy of said digitally coded output signals comprises: 

first means for doubling each digitally coded output 
signal of said modulation circuit; 

second means for subtracting from each of said dou 
bled coded output signals a predetermined digital 
reference signal; 

third means for squaring each output signal of said 
second means; 

fourth means for sequentially storing a predeter 
mined number of said squared signals; 

fifth means for subtracting from the most recently 
stored squared signal in said fourth means the old 
est stored squared signal in said fourth means; 

sixth means for adding the output signal of said fifth 
means and an applied signal to develop a signal 
representative of the energy of said coded output 
signals; and 

seventh means for applying said representative signal 
to said sixth means after a predetermined interval 
of time has elapsed. 

11. Apparatus for determining the beginning of a 
speech signal, including an adaptive differential pulse 
code modulation circuit responsive to said speech sig 
nal, comprising: 
means responsive to the output signals of said modu 

lation circuit for developing a signal representative 
of the energy of said output signals; and 

means responsive to said representative signal for de 
veloping an indicator signal when said representa 
tive signal is greater than, for a predetermined in 
terval of time, an applied threshold signal, said in 
dicator signal indicative of the beginning of said 
speech signal. R 

12. Apparatus for detecting the end of a speech utter 
ance, including an adaptive differential pulse code 
modulation circuit responsive to said speech utterance, 
comprising: 
means responsive to the digitally coded output sig 

nals of said modulation circuit for developing a dig 
ital signal representative of the energy of said 
coded output signals; and 

means responsive to said representative signal for de 
veloping an output signal when said representative 
signal is less than, for a predetermined interval of 
time, an applied digital threshold signal, said out 
put signal indicative of the end of said speech utter 
ance. . . . 

13. The apparatus defined in claim 12 wherein said 
signal representative of the energy of said coded output 
signals is defined as the sum of the squares of a prede 
termined number of said digitally coded output signals. 

14. The apparatus defined in claim 12 wherein said 
digital threshold signal is representative of an energy 
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level intermediate the energy of background silence 
and the average energy of said speech utterance. 

15. The apparatus defined in claim 12 wherein said 
means for developing a signal representative of the en 
ergy of said digitally coded output signals comprises: 

first means for doubling each digitally coded output 
signal of said modulation circuit; 

second means for subtracting from each of said dou 
bled coded output signals a predetermined digital 
reference signal; 

third means for squaring each output signal of said 
second means; 

fourth means for sequentially storing a predeter 
mined number of said squared signals; 

fifth means for subtracting from the most recently 
stored squared signal in said fourth means the old 
est stored squared signal in said fourth means; 

sixth means for adding the output signal of said fifth 
means and an applied signal to develop a signal 
representative of the energy of said coded output 
signals; and 

seventh means for applying said representative signal 
to said sixth means after a predetermined interval 
of time has elapsed. 

16. Apparatus for determining the end of a speech 
signal, including an adaptive differential pulse code 
modulation circuit responsive to said speech signal, 
comprising: 
means responsive to the output signals of said modu 

lation circuit for developing a signal representative 
of the energy of said output signals; and 

means responsive to said representative signal for de 
veloping an indicator signal when said representa 
tive signal is less than, for a predetermined interval 
of time, an applied threshold signal, said indicator 
signal indicative of the end of said speech signal. 

17. Apparatus for detecting the boundaries of a 
speech utterance, including an adaptive differential 
pulse code modulation circuit responsive to said speech 
utterance, comprising: 
code word energy means responsive to the digitally 
coded output signals of said modulation circuit for 
developing a digital signal representative of the en 
ergy of said coded output signals; 

comparator means for comparing said digital repre 
sentative signal with an applied digital threshold 
signal; and 

means responsive to said comparator means for de 
veloping a signal indicative of the beginning of said 
speech utterance when said representative signal is 
greater than, for a first predetermined interval of 
time, said threshold signal, and for developing a 
signal indicative of the end of said speech utterance 
when said representative signal is less than, for a 
second predetermined interval of time, said thresh 
old signal. 

18. Apparatus for determining the boundaries of a 
speech signal, including an adaptive differential pulse 
code modulation circuit responsive to said speech sig 
nal, comprising: 
code word energy means responsive to the output sig 

nals of said modulation circuit for developing a sig 
nal representative of the energy of said output sig 
nals; 

comparator means for comparing said representative 
signal with an applied threshold signal; and 
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means responsive to said comparator means for de 
veloping a signal indicative of the beginning of said 
speech signal when said representative signal is 
greater than, for a first predetermined interval of 

12 
old signal; 

a bistable circuit having first and second output ter 
minals, and set and reset terminals; 

a first logic circuit responsive to said comparator first 
time, said threshold signal, and for developing a 5 output terminal signal and to the signal at the first 
signal indicative of the end of said speech signal output terminal of said bistable circuit; 
when said representative signal is less than, for a a second logic circuit responsive to said comparator 
second predetermined interval of time, said thresh- second output terminal signal and to the signal at 
old signal. the second output terminal of said bistable circuit; 

19. Apparatus for detecting the boundaries of a 10 a third logic circuit responsive to the output signals 
speech utterance, including an adaptive differential of said first and second logic circuits; 
pulse code modulation circuit responsive to said speech a fourth logic circuit responsive to the output signal 
utterance, comprising: of said third logic circuit and to an applied clock 
code word energy means responsive to the digitally signal; 
coded output signals of said modulation circuit for 15 a counter circuit, having a plurality of output termi 
developing a digital signal representative of the en- nals, responsive to the output signal of said fourth 
ergy of said coded output signals; and logic circuit; 

means for developing a signal indicative of the begin- a fifth logic circuit, for developing said signal indica 
ning of said speech utterance when said representa- tive of the end of said speech utterance, responsive 
tive signal is greater than an applied digital thresh- 20 to the signal at the second output terminal of said 
old signal for a first predetermined interval of time, 
and for developing a signal indicative of the end of 

bistable circuit and to the signal at a preselected 
one of said plurality of counter circuit output ter 

said speech utterance when said representative sig 
nal is less than said applied threshold signal for a 
second predetermined interval of time. 25 

20. The apparatus defined in claim 19 wherein said 
signal representative of the energy of said coded output 
signals is defined as the sum of the squares of a prede 
termined number of said digitally coded output signals. 
21. The apparatus as defined in claim 19 wherein said 30 

digital threshold signal is representative of an energy 
level intermediate the energy of background silence 
and the average energy of said speech utterance. 
22. The apparatus defined in claim 19 wherein said 

means for developing a signal representative of the en- 35 
ergy of said coded output signals comprises: 

first means for doubling each digitally coded output 
signal of said modulation circuit; 

second means for subtracting from each of said dou 
bled coded output signals a predetermined digital 
reference signal; 

third means for squaring each output signal of said 
second means; 

fourth means for sequentially storing a predeter 
mined number of said squared signals, 45 

fifth means for subtracting from the most recently 
stored squared signal in said fourth means the old 
est stored squared signal in said fourth means; 

sixth means for adding the output signal of said fifth 
means and an applied signal to develop a signal 50 
representative of the energy of said coded output 
signals; and 

seventh means for applying said representative signal 
to said sixth means after a predetermined interval 
of time has elapsed. 55 

23. The apparatus defined in claim 19 wherein said 
means for developing said indicative signals comprises: 

digital comparator means responsive to said signal 
representative of the energy of said coded output 
signals and to said applied digital threshold signal 60 
for developing a signal at a first output terminal 
when said representative energy signal is greater 
than said threshold signal and for developing a sig 
nal at a second output terminal when said 

representative energy signal is less than said thresh- 65 

minals; 
a sixth logic circuit, for developing said signal indica 

tive of the beginning of said speech utterance, re 
sponsive to the signal at the first output terminal of 
said bistable circuit first and to the signals at the 
other of said plurality of counter circuit output ter 
minals, 

a seventh logic circuit responsive to the output sig 
nals of said third, fifth, and sixth logic circuits for 
developing 

a control signal for said counter circuit, said control 
signal returning said counter to a predetermined 
initial state; and 

means for connecting the output terminals of said 
fifth and sixth logic circuits, respectively, to said set 
and reset terminals of said bistable circuit. 

24. The method of determining a boundary of an ap 
plied speech utterance comprising the steps of: 
adaptive differential pulse code modulating said ap 

plied speech utterance to develop digitally coded 
output signals; 

developing a signal representative of the energy of 
said coded output signals, and 

comparing said representative signal with a predeter 
mined digital threshold signal. 

25. The method defined in claim 24 wherein said sig 
nal representative of the energy of said coded output 
signals is defined as the sum of the squares of a prede 
termined number of said digitally coded output signals. 
26. The method defined in claim 24 wherein said dig 

ital threshold signal is representative of an energy level 
intermediate the energy of background silence and the 
average energy of said speech utterance. 
27. The method of determining a boundary of an ap 

plied speech utterance comprising the steps of: 
adaptive encoding said applied speech utterance to 
develop coded output signals, 

developing a signal representative of the energy of 
said coded output signals, and 

comparing said representative signal with a predeter 
mined threshold signal. 
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