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[571 ABSTRACT

In an articulated phonetic sound wherein the informa-
tion bearing group of resonances vary within different
frequency regions in the sound spectrum, the detected
signals derived from the group of resonances are con-
stantly regrouped to a reference numerical region
along the outputs of a plurality of numerically arranged
channels in order that, the signals derived from the
varying pitch frequencies are shifted to the output of
the first channel (at high speed), while the signals de-
rived from other frequencies are shifted to channel out-
puts by the same factors of multiplication from the first
channel that the original frequencies differ from the
pitch frequencies.. The mutually related amplitude ra-
tios of significant signals of the regrouped signals are
then matched with prerecorded voiceprint signals of
the individual to be identified. '

3 Claims, 7 Drawing Figures
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SHEET 30F 5
I fr 39 Hz | 37 £37 311 Hz |73 f73 2,489 #z
2 f2 4/ Hz | 38 #38 330 Hz | 74 f7% 2,637 Hz
3 f3 44 Hz | 39 £39 349 Hz | 75 F75 2,794 Hz
4 f4 46 Hz | 40 f40 370 Hz | 7% f75 2,960 =
5 f5 49 Hz | 41 F44 392 Hz | 77 Ffr7 3,136 Hz
6 16 52 Hz | 42 F42 415 Hz | 78 £78 3,322 Hz
7 f7 55 Hz | 43 F43 440 W2 | 79 Ff79 3,520 42
8 /8 58 Hz | 44 F44 466 Hz | 80 feo 3,730 Hz
s F9 62 Hz | 45 F45 494 K2 | 8/ f81 3,951 Hz
0 fro 65 Hz | 46 F46 523 Hz | 82 f82 4,186 H=
1" fu 69 Hz | 47 f47 554 Hz | 83 f83 4,434 #z
12 f2 73 Hz | 48 /48 587 Hz | 84 f84 4,698 4=
13 f13 78 Hz | 49 £49 622 He | 85 785 4,978 H2
14 {14 82 Hz | 50 f50 659 Hz | 86 F8 5,274 Hz
15  fis 87 Hz | 51 F51 698 Hz | 87 fs7 5,588 Kz
16 FI6 92 Hz | 52 152 740 Hz | 88 /88 5,920 Hz
17 A7 98 Hz | 53 £53 784 Ha | 89 f89 6,272 Hz
18 FI8 104 Hz | 54 fs4 83/ Hz | 90 £30 6,644 H=
19 f19 110 Hz| 55 f55 880 Hz | 91 F 7,040 Hz
20 f20 /6 Hz| 56 fs6 932 Hz | 92 F92 7,460 Hz
21 far 123 Wz | 57 fs7 988 Hz | 93 £93 7,902 #z
22  fe2 13/ Wz | 58 f58 1,046 Hz | 94 f9% 8,372 Hz
23 23 139 Hz | 59 F59 1,109 Hz | 95 £95 8,868 Hz
24 f24 147 Hz | 60 f60 1,175 Hz2 | 96 f9% 9,396 H=z
25 f25 /56 Hz | 61 f6/ 1,244 Hz | 97 F97 9,956 Hz
26 f26 /65 Hz| 62 F62 1,318 Hz | 98 f98 10,548 Kz
27 {27 /75 Hz | 63 f63 1,397 Hz | 99 £99 11,176 Hz
28 f28 185 Hz| 64 f64 1,479 Hz 100 fuo 1,840 Hz

29 29 196 Hz | 65 fe5 1,567 k2
30 f30 208 Hz| 66 fé5 1,661 Hz Fig. 4
3 f3l 220 Hz| 67 F67 1,760 H=z
32 f32 233 42| 68 f68 1,865 Hz
33 f33 247 Hz | 69 f69 1,975 Ha
34 f34 262 Hz | 70 FW 2,093 Hz
35 35 277 Hz{ 71 FU 2,217 Hz
36 36 29 Hz| 72 f72 2,349 Hz

NURMERICAL ARRANGMENT OF THE PASS-BAND FILTERS AND
THEIR CENTER FREQUENCIES IN THE SOUND SPECTRUM

/NVENTOR

N anir et
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NUMERICAL SEQUENCE OF PASS-BAND FILTERS & THEIR OUTPUTS APPLIED TO CHANNEL INPUTS —w
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1

VOICE IDENTIFICATION SYSTEM WITH
NORMALIZATION FOR BOTH THE STORED AND
THE INPUT VOICE SIGNALS

This invention relates to Voiceprint analysis, and
more particularly to an automatic identification system
by matching the voiceprint signals of an individual with
that of a large storage of prerecorded voiceprint sig-
nals, for example, Nationally stored voiceprint signals,
in the same order of prerecorded fingerprint patterns.
The main object is to provide a highly reliable elec-
tronic arrangement capable of automatically selecting
the correct voiceprint signals from a large number of
sequentially fed prerecorded signals at high speed. A
corollary object is to provide related arrangements
which may be used for the purpose of command opera-
tion by a specific individual in the midst of a number
of speakers.

In all voice recognition systems the most difficult
problem involved is the enormous variations that occur
in the speaking voice. These variations, however, are
provided by Nature, so that an almost an infinite num-
ber of distinguishable informations can be derived
therefrom. But it is not a simple process to locate a de-
sired information in these unendingly varying complex-
ities, and therefore, in a practical ultimate of realiza-
tion, it becomes an absolute must that these variations
are first normalized, so that the desired information can
be picked out by a standard matching process with that
of some predetermined parameters. In such a practice,
the normalization must be highly precise, and highly
stable without requiring any error-adjustments whatso-
ever. This is achieved in the ultimate accuracy by the
switching arrangement of FIG. 1, wherein the group of
signals contained in the arriving complex signal are re-
grouped in a reference arrangement at the outputs of
a bank of channels in block 24, whereby the elemental
signals composing the complex signal are rendered dis-
tinguishable for selection in any desired fashion. The
regrouped signals at the channel outputs are then auto-
matically matched with pre-stored signals in an ar-
rangement of FIG. 2, for final identification of a partic-
ular voice desired.

BRIEF OF THE SIGNAL REGROUPING USED

There are used a bsnk of channels arranged in a pre-
determined numerical order, each one of which is pre-
arranged with a plurality of signal-admitting inputs, and
a plurality of signal-switching inputs, respectively. The
incoming group of signals are applied to the corre-
sponding ones of the plurality of signal-admitting inputs
of each one of the plurality of channels, so that any one
of the applied signals can be admitted to the output of
any one of the channels by the operation of a respective
signal-switching input. A plurality of prearranged com-
binations of signal-regrouping control signals are then
applied (at high speed) sequentially to the plurality of
signal-switching inputs until the detected signals de-
rived from the lowest (pitch) frequency appears at the
first channel output, representing the required refer-
ence signal regrouping. This signal regrouping is held
in steady state, while at the same time switching se-
quence of signal regrouping combinations starts from
a reference beginning for continual pitch frequency
hunting until the pitch frequency changes to establish
a new signal regrouping at the channel outputs.

2
SPECTRUM NORMALIZATION

In reference to variations of resonances in the sound
spectrum of a speaking voice, a group of resonances
representing a specific phonetic sound will vary in dif-
ferent frequency regions of the sound spectrum. In all
previously proposed systems for frequency normaliza-
tion, the system must provide a highly complicated fol-
low-up system to determine the mutually related fre-
quency ratios between the arriving group of reso-
nances. For example, assuming that the various reso-
nances in the sound wave are harmonically related to
the lowest (pitch) frequency, the values may be shown
as, Fy + fo, Fo + 2f,, F3 + 3f,, — F, + nf,, where (f,) is
the varying frequency components; and (F, + f;) is the
fixed reference pitch frequency component. Obviously,

- the artificial generation of the (F) components neces-
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sary for obtaining the shown values would involve criti-
cal and undesired control systems. But one method of
signal conversion may be substituted by another with-
out changing the specific information to be analyzed.
Thus, instead of changing the varying frequencies in
the sound wave into fixed frequencies, we may first.de-
rive detected signals from the pass-band filters (for sub-
dividing the sound into sub-bands), and regroup them
in an arrangement of numerical order, such as, 1, 2, 3,
— n, which by simulation may assume the values as: 1
=F;+ foo 2=F; + 2f, 3=F; + 3f,, and n=F, + nf,,
where (1) represents the fixed reference numeral
(fixed reference pitch frequency). By such numerical
conversion (digital conversion, as far as frequency
components are concerned, without changing the am-
plitude components), we may now deal with on-and-off
conditions which can be established in the highest
order of control and stability with the present day digi-
tal techniques. Accordingly, the novel switching system
for such numerical conversion, as used in the present
invention will now be described by way of the accom-
panying illustrations, wherein:

FIGS. 1 and 2 are block diagrams of the voiceprint
identifying arrangements, according to the invention;
FIG. 3 is a graphical diagram showing how different
groups of signals are regrouped at the channel outputs,
according to the invention; FIG. 4 shows the special
center frequency sub-divisions of the pass-band filters,
as used in the present invention; FIG. 5 is a numerical
chart showing how the detected signal outputs of the
pass-band filters are switched linearly to the outputs of
the numerically arranged channels, in accordance with
the invention; FIG. 6 is the switching arrangement used
herein; and FIG. 7 is an amplitude equalization ar-
rangement in accordance with the invention.

GRAPHICAL REPRESENTATION OF SIGNAL
REGROUPING AT CHANNEL OUTPUTS

Referring to the graphical illustration of FIG. 3, as-
sume a bank of channels, as represented by the blocks
1 through n at D, each of which having a plurality of in-
puts, as represented by the blocks at A, B and C, drawn
under each channel. In this arrangement, assume that
the second and third shaded blocks (at A) are in the
second and fourth multiples of the first shaded block,
respectively. Similarly, when the group of signals are
distributed along the shaded inputs of the channels, as
at B, it is also seen that the second and third shaded
blocks are in the second and fourth multiples of the
first shaded block, respectively. In still further exem-
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plary arrangement, when the input group of signals are
distributed along the shaded inputs, as at C, it is further
seen that the shaded blocks in the second and third
shaded blocks are in the second and fourth multiples of
the first shaded block, respectively. By such examples,
accordingly, we may regroup any one of these three
groups of input signals to a reference numerical region
at the outputs of the numerically arranged channels, as
at D, and we may derive the numerical ratios in a sim-
pler mode than it would require by hunting the numeri-
cal locations in the blocks at A, B or C. At this point,
however, the problem remains as to how to determine
what combination of switching that is required for each
of the group of signals at A, B or C, in order to obtain
the reference signal regrouping at D. This is done sim-
ply by a prearranged matrix of a plurality of switching
combinations, which are applied to the bank of chan-
nels sequentially until the signal derived from the low-
est (pitch) frequency in the original voice is shifted to
the first channel output for the required switching at D.

SPECIAL CENTER FREQUENCY PASS-BAND
FILTERS

In reference to the illustration of FIG. 3, the informa-
tion contained in complex waves, such as Voiceprints,
depends on greater detail than the simple harmonic re-
lations shown, and it requires further sub-divisions be-
tween the harmonic intervals. Thus in order to obtain
high accuracy of signal regrouping without causing any
cross switching of the input signals to the channels, the
center frequencies of the sub-dividing pass-band filters
are arranged as in FI1G. 4, wherein the sub-divisions are
similar to the standard musical scale. In this arrange-
ment, it will be noted that the sub-divisions are ar-
ranged in a series of digitals at like intervals in har-
monic successions corresponding to the digitals in pre-
ceding intervals. Thus, the numerical ratios of the nu-
merals from the second through the thirteenth numer-
als with respect to the first numeral is the same as the
numerical ratios of the 14th through the 25th numeral
with respect to the 13th numeral, and exemplary dem-
onstration. Such a numerical arrangement simplifies
the actual channel switching arrangement, because it
requires linearly sequenced numerical transfer without
cross coupling of any of the pass-band outputs. This is
shown in greater clarity by the numerical chart in FIG.
5.

SIGNAL REGROUPING NUMERICAL CHART

The signal regrouping arrangement is shown in
greater clarity by the numerical chart in FIG. 5§,
wherein the top row of the numerals represent the
channels, and the rows of numerals below represent the
sequence of the numerals left hand of the sub-band fre-
quencies of FIG. 4. Fog example, in the first row (FIG.
3), all of the detected outputs of pass-band filters
(starting from filter number-1) are applied to the inputs
of the channels starting from channel number-1. In the
second row, the detected filter outputs starting from
the number-2 filter are applied to all of the channels
starting from the channel number-1, and so on. As
stated in the foregoing, such simplicity of switching se-
quence becomes inherently accurate, as long as the
harmonic sequence at like intervals is considered in
sub-dividing the sound spectrum, because the number
of sub-band divisions and center frequencies of the
pass-band filters may be arranged other than the fre-
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4

quencies shown in FIG. 4 without affecting the re-
quired accuracy.

ANALOG CHANNEL SWITCHES

The arrangement of analog channel switches is
shown in FIG. 6. The detected signals from the pass-
band filters are applied to the drain electrodes of tran-
sistors Q1 through Q4, respectively. The source elec-
trodes of these transistors are connected to ground in
series with the output resistors R1, R2, R3, and Rn, re-
spectively, which represent the channel outputs. In ac-
cordance with the numerical chart of FIG. 5, anyone of
the detected signals from fi, f;. f (F1G. 1) may be cou-
pled to the resistor R1 of channel-1. This is done by the
additional transistors Q5, Q8, Q10, the source elec-
trodes of which are all connected in parallel with the
source electrode of Q1. Thus, when the first distributor
pulse is applied to the gate electrode of Q1 the detected
signal from f; is admitted to the output resistor R1I.
When the second distributor pulse is applied to the
gate-electrode of QS5 (also to those connected in paral-
lel) the detected signal from f; is admitted to the output
resistor R1 of channel-1, and so on. Thus, as the output
signals from the set-reset flip-flops in the R-S blocks
17— 19 in FIG. 1 are applied to the parallel connected
gate-electrodes of the transistors in FIG. 6, the de-
tected signals from the pass-band filters in FIG. 1 are
regrouped across the channel output resistors shown, in
accordance with the numerical chart of FIG. §.

Having described the details of parts for the specific
signalconversion system utilized herein, the actual sys-
tem for Voiceprint identification will now be described
by the block diagrams of FIGS. 1 and 2, as in the fol-
lowing:

SIGNAL CONVERSION SYSTEM

1 have described novel signal conversion systems in
my related patents, for example, U.S. Pat. No.
3,622,706 and 3,659,051, and reference may be made
to these patents. For the specific purpose, however,
and referring to FIG. 1, the voice sound wave in block
1 is applied to the passband filters in blocks 2-4 in par-
allel, and their outputs are first detected in blocks §-7,
respectively, and further applied to the signal-admitting
inputs of the switching channels in block 24. The out-
puts of filters 2-4 are also applied to the sense-
amplifiers in blocks 8-18, respectively, which are pro-
vided with set-reset flip-flop outputs, so that they pro-
duce “1” level output signals when their inputs receive
useful signals from the filter outputs above a threshold
level. The outputs of these sense-amplifiers are applied
to the first inputs of gates 11-13, respectively, and the
second inputs of these gates are excited by the sequen-
tial “1"" level pulses of the pulse distributor in block 285,
so that only those gates which have received simulta-
neous signals at their first inputs from the respective
sense-amplifiers operate by the distribution pulses.
Thus assuming that the distributor starts applying se-
quential pulses at 17 level to the input of gate 11, and
that this gate has also received **1” level signal from the
sense-amplifier 8, it applies an operating pulse to the
one-shot 14, which in turn operates the set-reset flip-
flop in block 17 into set state by way of a-c coupling
(a-c and d-c couplings are available in integrated cir-
cuits). The set state output of flip-flop 17 is a-c coupled
to the one-shot in block 20, which in turn operates and
applies “@0° level pulse to the multi-input gate in block
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23 for operation. The output ““1” level pulse of gate 23
is inverted into **0”" level pulse, and applied in parallel
through d-c coupling to the reset inputs of the set-reset
flip-flops in blocks 17-19 for reset operating states. At
this point, however, while the flip-flops 17-19 are
driven into reset operating states, the flip-flop in block
17 remains in set operating state by reason that the d-c
coupled pulse at its set input has a longer pulse period
than the d-c coupled pulse at its reset input, as illus-
trated by pulse waveforms under the one-shots 14-16
and 28-22. Thus, the set output of flip-flop 17 is ampli-
fied in block 26 (this amplification might be necessary
if the different types of integrated circuit devices avai-
labe commercially, as utilized herein, are not found to
be compatible one with another), and a selected signal-
regrouping combination in the matrix of block 27 is ap-
plied to the channel switches in block 24 for the re-
quired signal regrouping at their outputs.

For continuous signal-regrouping operation, the dis-
tributor 25 must be reset for a new start of signal re-
grouping. At the start of this new pulse distribution,
however, the pass-band filter outputs may have
changed, and accordingly, the flip-flop outputs of the
sense-amplifiers 8—10 must also be reset simultaneously
with the resetting of the distributor. This is done by
mixing the output pulses of one-shots 14-16 in the mul-
ti-input gate 28, the output of which is inverted in block
29 and applied (through d-c coupling) to the distribu-
tor 25 and sense-amplifiers 8-10 for reset operation,
after which period the distributor starts hunting the
output signals of the sense-amplifiers. In this new start,
assume that the output of filter 2 is zero, the output of
sense-amplifier 8 is also at ““0” level, and accordingly,
the first distribution pulse does not operate the gate 11.
Whereas, if the output of sense-amplifier 9 is at “1”
level, the gate 12 operates at the arrival of the second
distribution pulse, and according to the previously de-
scribed mode of operation, the flip-flop 17 is driven
into rest operation, and the flip-flop 18 is driven into
set operation for a new signal regrouping at the channel
outputs of block 24. The pulse frequency of the puise
generator in block 38 is not critical, and may be ad-
justed to any useful frequency as desired. The gate 31
may be used to gate out the output pulses of generator
30 during resetting of the distributor.

MATCHING OF VOICEPRINTS WITH THAT OF
PRERECORDED VOICEPRINT SIGNALS

As has been stated in the foregoing, all information
bearing signals that are prone to variations, must neces-
sarily however, contain the component signals for spec-
ificity during specific variation. Thus, a specific group
of component signals within a larger group of compo-
nent signals must represent the information of specific-
ity. By the signal-regrouping arrangement described in
the foregoing, it is only necessary to select a significant
group of signals from the regrouped signals at the chan-
nel outputs of block 24 in FIG. 1, and match with pre-
recorded group of specific signals for identification of
the information sought. This may be accomplished by
the matching arrangement of FIG. 2.

In FIG. 2, the output signals of channel-1 through
channel-n are differentiated with the signals which are
prerecorded in the a, a,a,a; b, b, b, b; c, ¢, ¢, ¢ blocks,
in the operational-amplifiers 36-39. These signal-
differentiating circuits at the channel outputs are simi-
lar, and therefore, description of the circuitry in refer-
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ence to one of the channels is typical to the rest of the
channels. Thus, assuming that the two input signals of
the operational amplifier in block 36 are of equal am-
plitudes, the output is zero, or at least below a thresh-
old level. On the other hand, when these two input sig-
nals are of unequal amplitudes, the output of block 36
is above zero, and its polarity depends on which of the
two input signals is larger than the other. Because of
this undetermined output polarity, the output of ampli-
fier 36 is passed through a push-pull output amplifier
in block 40, and applied to a sense-amplifier in block
44, which is provided with a one-shot output. Thus,
when the two input signals of block 36 are of equal am-
plitudes, the output of sense-amplifier 44 is zero, and
when these two input signals are of unequal amplitudes,
the sense-amplifier 44 produces a one-shot pulse out-
put. The output of sense-amplifier 44 is applied to one
of the inputs of gate 49 in series with the normally idle
switching transistor Q11. In a signal matching practice,
we may assume that when the two matching signals are
of equal amplitudes, it represents the correct informa-
tion sought — and it is false when the two signals differ
in amplitudes. As an exemplary condition, accordingly,
when the transistor Q11 is switched-ON, and the out-
put of sense-amplifier is zero, the information fed to the
gate 49 is correct, whereas, when the transistor Q11 is
switched-ON, and the sense-amplifier 44 produces an
output pulse, the information fed to the gate 49 is false.
By combining the functional operations of different
matching channels, accordingly, we may obtsin the fol-
lowing;

Assume that the q, g, a, a signals of the prerecorded
signals are to be matched with the arriving signals from
the channel outputs, and that the prerecorded signals
are significant only in the channel-1, channel-2, and
channel-n — the blank block of channel-3 indicating
that there will be no matching of a signal. The a blocks
(having matching signals present) apply ON signals to
the gate-electrodes of their respective switching tran-
sistors Q11, Q12, and Q14, for admitting the respective
source-terminal outputs to the inputs of multi-input
gate 49, as shown. The a blocks of these channels also
apply the matching signals (analog signals) to the first
inputs of AND gates 50, 51 and 53. Now all operating
conditions being ready, the pulse generator in block 54
applies a pulse to all of the second inputs of the AND
gates 50—53, and to all of the switches (not shown in
order to avoid crowding of the drawing) between the
amplitude equalizers in blocks 32—35 and the opera-
tional-amplifiers 36—39, respectively, for operation.
Thus assuming that the signal matching of the arriving
signals is correct in the channel outputs (channel-1,
channel-2, channel-n), the switched-ON outputs of
Q11, Q12 and Q14, and also the pulse from the genera-
tor 54, will be at ““1” level to the inputs of gate 49, and
therefore, the output of this gate will be at “0” level,
as a signal representing the correct identification of the
individual in question. On the other hand, if one of the
input signals to the gate 49 is other than 1" level, the
output of this gate will not be at “0” level, indicating
false signal. But a decision on matching of only the a
signals may not be sufficient, and therefore, the b
signals may also be tried for matching, and getting an
average prior to a fina! decision of correctness.

In some cases it may be desired that instead of ON
and OFF decisions made in reliance to the output of
gate 49, a fine gradient of combined signals at the out-



3,770,891

7

puts of operational-amplifiers 36-39 is further ana-
lyzed, and these signals are readily obtainable at the
outputs of amplifiers 36~-39. Similarly, since the chan-
nel-output signals are regrouped, it may be necessary
to know what frequency range in the sound spectrum
were the original voice sound originated. This informa-
tion is also readily provided by the outputs of flip-flops
17-19 in FIG. 1, as indicated by the arrowed output
terminals.

Since the main object of the matching system de-
scribed herein is a modification (signal regrouping) of
the signals prior to matching, it is obvious that the pre-
recorded signal must be modified in the same manner,
as described by way of the arrangement in FIG. 1. Be-
sides signal regrouping, however, there are other vari-
ables that must be modified, for example, the ampli-
tude variation that occurs during each segment of the
information to be analyzed. In the case that the arriving
signals are first regrouped and recorded for matching
with the prerecorded signals, the amplitudes of both re-
corded signals may be adjusted for the proper matching
process. But in this case also, the original voice signal
varies in amplitude uncontrollably from time to time,
even when tried to duplicate a previous articulation,
especially when the sequence of amplitude modula-
tions in a whole spoken word are to be considered for
matching. For this reason, it is preferable to include an
automatic amplitude control of the channel output sig-
nals.

The automatic amplitude control is achieved by the
equalization amplifiers in blocks 32-35, but the equal-
ization is controlled only by the output signal of chan-
nel-1, as reference amplitude for matching. For exam-
ple, as shown in the drawing of FIG. 2, the amplitude
equalization is established by the peak signal in chan-
nel-1, as a feedback control to a reference level. This
may be explained in more clarity by a simple equaliza-
tion arrangement of FIG. 7, as in the following.

AMPLITUDE EQUALIZAER

In FIG. 7, the channel output is applied to the resistor
R4 in series with the variable-resistance transistor Q15,
so that the transfer from channel-1 to R4 may be volt-
age divided by change of resistance of the transistor
Q185, The gate electrode of Q15 is normally forward bi-
ased by B to the lowest reference resistance between
drain and source electrodes of Q15, and this forward
bias is variably reduced by an opposing voltage stored
in the capacitor C through a feed-back switching path.
The information to be analyzed occurs between the
peaks of the pitch wave in the voice sound, and this
pitch wave is represented by the output wave of the
first channel. Pitch selection has been used previously
for various purposes, and different circuit arrange-
ments already exist, which may be utilized for deriving
pitch pulses either directly from the original voice
sound wave, or from the channel-1 output of the ar-
rangement shown in FIG. 1. Thus, the control voltage
of capacitor C is changed during the short pitch pulses
by operation of the normally OFF switches in blocks 56
and 57 for negative feed-back. This feed-back is con-
trolled by the zener diode D1, which becomes conduc-
tive in reverse direction only when the voltage across
RL is above a reference voltage. Accordingly, when a
pitch pulse operates the switches in blocks 56 and 57,
and assuming that the amplified voltage across load re-
sistor RL is above the zener regulation voltage, the ca-
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pacitor C is charged in polarity as to increase the inter-
nal resistance of Q15 to a point where the voitage
across C is equal to the zener regulation voltage. When
the switches 56 and 57 become in OFF states again, the
channel output signal, as transferred to R4, has been
regulated to a reference level, and this reference level
has also been established in the rest of the channel out-
puts by the parallel connection of the capacitor C to
each one of the amplitude equalizers that are used at
the other channel outputs. In controlling the signal am-
plitude across R4, and assuming that the voltage across
C is in the forward direction during a pitch pulse pe-
riod, the capacitor C is discharged until the reference
voltage regulation has been established. The use of the
switch in block 87 may be prefereable when the ampli-
fier 55 is chosen of a capacitive coupled amplifier, but
actually the choice is irrelevant herein.

In reference to commercially available AND gates,
they are generally referred to as being on-and-off de-
vices by two input signals at 1" levels. Whereas, the
AND gates 50-53 are actually analog switches. But the
meaning of the AND gate is broad, and some analog
switches are now appearing in the name of AND gates
with some modified terminology attached to it. Ac-
cordingly, the term AND gate used herein does not
necessarily mean having two on-and-off input signals,
but one of the signals may vary in magnitude, and the
other used as an on-and-off switching signal. Gates of
this type are used between the amplitude equalizers
32-35 and the operational amplifiers 36-39, which are
not shown in the drawing, but their requirement is ref-
erenced in writing by the pulses of the pulse-generator
54 applied to them during the signal matching perfor-
mance.

When the system described herein is used for the pur-
pose of selecting a particular individual from a group
of speakers for some required performance, the system
may be incorporated in conjunction with my phonetic
sound recognition systems, for example, as described in
my U.S. Pat. No. 3,622,706, so that during phonetic
sound recognition an output switch is operated only
when simultaneously voiceprint recognition occurs. In
view of the broad usefulness of the system disclosed
herein, accordingly, it becomes obvious that the spe-
cific arrangements described herein are exemplary, and
various modifications, adaptations and substitutions of
parts may be made without departing from the true
spirit and scope of the invention.

What I claim, is:

i. In a voice identification system wherein the voice
signals of a speaking individual to be identified are
compared with prerecorded voice signals of the same
individual, but wherein each group of resonances in the
sound spectrum representing a segment of said voices
vary within the pitch intervals of the speaking and pre-
recorded voices respective of each other, and in con-
junction with variations in resonance-amplitude from
pitch to pitch periods, the system for normalyzing said
variations during said comparison, comprising first and
second identical normalyzing systems for the said
speaking and prerecorded voice signals, the first system
comprising a plurality of band-pass filters for sub-
dividing the resonances of the speaking voice sound
waves,; a plurality of detecting means for deriving de-
tected signals from said filters; means for deriving a
control signal {outputs of R-S blocks 17-19) from said
detected signals which represent a segment of the
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speaker’s speech during a pitch time interval, and said
control signal having a time period equal to said time
interval; a matrix comprising a plurality of signal re-
grouping combinations, each combination having been
prearranged for regrouping said detected signals in a
pitch time interval to a reference numerical region in
a numerically arranged plurality of channels, in an
order that, said control signal in the group of said de-
tected signals is made to appear at a reference channel
in said reference numerical region, and each one of
said combinations having been prearranged for opera-
tion by said control signal, means for deriving pitch
pulses from said speaking voice; a plurality of signal-
amplitude equalizers connected to said plurality of
channels, a plurality; of parallel coupling means con-
nected from said reference channel to said amplitude
equalizers; coupling means from said pitch pulses to the
amplitude equalizer of said reference channel for
equalizing said control signal to a reference amplitude
during the applied pulse period, whereby the signal am-
plitudes of the rest of the channels are controlled pro-
portionally by said reference channel, and thereby es-
tablishing spectral and amplitude normalized detected
signals at said plurality of channels, representing said
first system; and means for comparing said signal nor-
malized channel signals of said first and second systems
and deriving matching signals, which may further be
combined with said control signals of said first and sec-
ond systems for deriving a final decision signal that may
be used to recognize the individual.

2. The system as set forth in claim 1, wherein said
normalyzed signals from said plurality of channels of
said first and second systems are applied to first and
second inputs of a plurality of operational amplifiers,
for obtaining said comparison signals; a normally inop-
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erative mixer means for mixing said comparison ‘sig-
nals; and a pulse generator of a predetermined fre-
quency for operating said mixer means, so that discrete
signals during said pulses may be obtained for interpre-
tation and recognition of said individual.

3. The system as set forth in claim 1, wherein the cen-
ter frequency responses of said plurality of band-pass
filters in said sound spectrum are arranged in a series
of frequencies within harmonic intervals, each fre-
quency of the series of frequencies in an interval corre-
sponding to the harmonic of a frequency in the preced-
ing interval; and said matrix comprises a plurality of
channels arranged in linearly sequenced numerical or-
der, each channel output representing the output of at
least one or more AND gates, the number of AND
gates in each channel being equal to the number of the
numerical location of that channel in said numerical
order; first parallel connections of the numerically cor-
responding first outputs of sad gates in the plurality of
channels; coupling means from said detected signals to
said first parallel connected inputs, whereby each sig-
nal in a group may be coupled to any one of the first
inputs of a number of channels for channel output se-
lection during said control signal interval, second paral-
lel connections of the second inputs in said AND gates
in an arrangement that the second inputs of the AND
gates in said channels starting from the channel located
in the lowest numerical position in said numerical order
are connected to successively advancing ones from the
corresponding second inputs of the gates in the suc-
ceeding channels; and coupling means from said con-
trol signal to said second paralle! connections for estab-
lishing said signal regrouping.

* * * * %



