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Description

This invention relates to digital voice-signal
processing to obtain piich changing which pro-
cessing is controlled by the pitch period of the
voice signal being processed.

The usefulness of an economical system for
real time pitch changing of an audio signal or for
speech compression and/or expansion (that is,
pitch restoration of the audio signal generated by
speeded or slowed playback of a recording) is
well recognized today. The early forms of such
systems were electromechanical tape players
with moving magnetic read heads. These
systems produced the equivalent of cutting the
record tape into short segments and splicing
alternate segments together. These early
schemes have been replaced by all-electronic
systems such as those described in Schiffman
patents US—A—3,786,195 and US—A—3,936,610
which have been widely used commercially.

The Schiffman approach and most other prac-
tical systems relay on a pitch change-splice
approach. That is, in the case of audio pitch
lowering, regular segments of the signal are
stretched to achieve pitch change and the inter-
vening remainders are deleted resulting in dis-
continuities created by the deletion. In the case
of audio pitch raising, the repetitive pitch change
consists of compressing the time interval
occupied by the signal segments thus creating
gaps; the compressed segments are then repe-
ated as necessary to fill the gaps created by the
compressing of the signal.

Continual work has been done on improving
the sound quality of the “pitch change-splice”
methods, mostly centered on improving the
splicing scheme. The suggested approaches usu-
ally involved a rather microscopic analysis of the
waveform at splice points, the splice points hav-
ing generally been predetermined by system
constraints regardless of the instantaneous or
general characteristics of the waveform being
processed. That is, focus has been on the instan-
taneous values of waveform parameters (such as
level, siope, and/or direction {polarity) of slope)
and on matching, in respect to one or more of
those values, the trailing edge of the segment to
be terminated with the leading edge of the seg-
ment to be next connected. Zero crossing splic-
ing (with and without coincidence of polarity),
level matching, overlap schemes and others
have been tried, but the improvement in sound
quality generally was less than expected.

One example of a digital zero energy level
matching scheme is found in the patent to Lee,
US—A—3,803,363, where audio signals were
converted into digital format and stored in ran-
dom access memory and read out at a different
rate than that at which they were written in
memory. When the addresses at which memory
access for write and read are taking: place came
close to converging (which occurred because the
write and read were different), the scheme pro-
vided for jumping to a new address which was
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selected to have a low energy level or “zero
crossing”.

Another digital scheme which provided for
write and read at different rates in the digital
memory conditioned the jump when the
addresses converged on examining the signal in
storage to delay the jump till a suitable match
between the waveforms was located. This patent
to Jusko et al., US—A—4,121,058, provided
additional features such as looping for review of
specific portions of the message and interrupting
the input storage in order to hold the segment
under review in memory.

In each of the foregoing digital schemes of Lee
and Jusko et al., the jump of the read pointer to
its new address in memory is preselcted to utilize
substantially all of the memory capacity that the
initial differential between the write and read
pointers is constant except for the small variation
occasioned by the microscopic examination and
adjustment made to provide a signal level match.

Research such as that done by lan Bennet
{(Journal of the Audio Engineering Society, Nov.
1975, Vol. 23, Nr. 9, pp. 713—721) has shown that
in the case where the audio signal is speech, if
the signal segments which are stretched or com-
pressed by the processing circuit are synchron-
ous pitch periods of the fundamental voiced
frequency there is significant improvement in the
sound quality of the processed audio. (Note that
if the fundamental voice frequency is extracted
and examined, then the pitch period is simply
the perid of than fundamental). The compiete
{unfiltered) speech waveform, however, is not a
pure sinusoid, even for voiced sounds, but rather
a repetitive pattern each period of which
generally begins with a glottal pulse followed by
a damped waveform over the remainder of the
epoch. Some schemes for pitch synchronous
processing have been described, but they
generally became quite elaborate and compli-
cated because they require detection of the
beginning of epochs (i.e. the glottal pulse) and
processing by discarding or repeating one or
more integral epochs.

Neuburg (J. Acoustical Society of America,
63(2), Febr. 1978, pp. 624, 625) has suggested a
new version of the original cut and splice
method. Neuburg has proposed that for pitch
lowering, the deletion {or in the case of pitch-
raising, the repetition) of segments equal in
length to an epoch, but regardless of where they
started or ended, would produce good results.

This was explained in terms of speech charac-
teristics where, for many voiced sounds, succes-
sive epochs contain a repetition of almost identi-
cal waveforms of the same pitch period which
may continue for many such pitch periods. Thus,
deletion of any segment equal in length to the
pitch period maintains the cadence of the pitch
periods. This approach was stated as leading to a
major improvement, which could not result from
splicing techniques which focus solely on
“microscopic”’ matching of waveform para-
meters, and could in theory at least be accom-
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plished more readily and simply than true pitch
synchronous systems. Moreover, this approach
automatically results in a fair degree of wave
matching in the “microscopic” sense, since to the
extent that the pitch period and waveform do not
change from epoch to epoch, the end of one
segment and the beginning of another {with one or
two pitch periods deleted in between) will often
match closely in regard to level, slope, etc.

GB—A—2 098 032 discloses a pitch changer
with glitch minimizer, in which a spliceismade ata
point of high auto-correlation, which by definition
is at a point of high periodicity.

The present invention as claimed solves the
problem of providing an improved version of the
pitch change cut and splice systems in which the
discard intervals or the repetition intervals for gap
filling in compressnon and expansion respectively
are controlled in accordance with a glottal pulse
signal derived from the actual speech signal such
that the benefits of the natural splicing of epochs
can be realized in a system which can process tape
recorded material at selectable playback speeds or
in a system for real-time pitch shifting and which

can be readily produced in high volume at low

cost. This result is achieved by conventional
microprocessor logic application with fixed pro-
gramming to perform the necessary audio sampl-
ing, data conversion, storage and read out,
together with analysis of the audio signal to derive
the glottal pulse signal whose periodicity is used to
control the jump interval in memory, which is
required when the write and read pointers con-
verge in either compression or expansion mode.
Various modications include limit circuits to oper-
ate in absence of voiced speech sounds and the
utilization of a second read pointer closely asso-
ciated with the position of the write pointer so that
particularly in the case of compression the pitch
period deletion is accurately related to the audio
signal currently being read from memory rather
than being spaced by the depth of memory as is
the case when the pitch period calculation is
derived from the audio input signal (i.e. that
provided to the write pointer).

Description of the drawings

Fig. 1 is a conceptual block diagram of the
overall system in accordance with the invention.

Fig. 2 is a diagram showing a modification of the
ROM memory with two read pointers.

Figs. 3A, B and C, assembled as indicated,
provide an overall block diagram of the basic
system.

Fig. 4A is a flow chart showing programming for
control of the write and read pointers and the
output buffer for the digital to analog converter.

Fig. 4B is a flow chart showing analog to digital
conversion of the input audio signal and the
derivation of the glottal pulse pitch period signal
from the audio input signal.

Fig. 5is a partial block diagram corresponding to
Fig. 3 showing the modifications for operating
with two read pointers.

Fig, 6 is a partial block diagram corresponding to
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Fig. 3 showing modifications for operating with an
adaptive pitch period.

Fig. 7 is a partial block diagram correspondlng io
Fig. 3 showing a modification for greater memory
utilization in the pitch period processor.

Referring now to Fig. 1 the overall arrangement
utilizes a random access memory RAM 17 which
receives the digitized samples of the audio input
signal from an analog to digital converter 12 which
digital words are written in memory sequentially
by a write pointer 1. The memory is read out in the
same sequence by a read pointer 2 and such digital
words read from memory are converted in a digital
to analog converter 16 to provide the audio output.

The memory is under control of an address
register 3 which is operated by control logic 4.

Control logic 4 supplies a read rate signal f,
which is fixed and write rate siganl f,, which is
equal to cf, where c is the compression ratio
defined as unity for no pitch change and reproduc-
tion at the recorded rate and as a quantity greater
than 1 for compression and less than 1 but greater
than zero for expansion. The present addresses of
the write and read pointers are used by control
logic 4 to develop the operational control of the
system. The difference between the present
address locations indicated by the guantities F(t)
and F,(t) represents the angle 8, which in the
representation of Fig. 1 is the angular spacing
between the write and the read pointers 1 and 2.
Also indicated in Fig. 1 are the quantities 8,,, and
,.ax defining a sector on opposite sides of the
write pointer 1. When the angle 6, reaches a value
such that the read pointer is less than 8.y, or
greater than 8,,,, the condition for jumping the
read pointer to a new location has arrived and it is
the control for this operation that constitutes the
major decisional criteria of this invention.

The jump distance for the read pointer in
accordance with the invention is always an integ-
ral number of pitch periods, but not pitch period
synchronous. In other words, the jump does not
need to be synchronized at the giottal pulse but the
period between glottal pulses is necessary to
determine the magnitude of the jump along with
other significant factors which determine the
number of pulse periods the jump should be. For
this purpose a glottal pulse detector 32 develops a
pulse signal output that is supplied to control logic
4 for this purpose.

Referring to Fig. 2, the arrangement of Fig. 1 has
been modified by adding a second read pointer 6
which moves at the speed of write pointer 1 with a
fixed spacing therefrom represented by the angie
¢. The other modification shownin Fig. 2 is thatthe
source of the audio signal is derived from the
digitized audio input signal at the location of the
second read pointer 5. This feature, as will be
described, assures that a current value of glottal
pulse period will be utilized by the system.

Referring now to Figs. 3A, 3B and 3C the
architectural overview of a specific preferred
embodiment digital system will be first described.

The structure of this embodiment is divided into
five functional blocks: Data Control, Address
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Generator, Access Control Processor, Jump Con-
trol, and Pitch Period Processor. These five
elements, working in concert, control the data
flow in a conventional digital Random Access
Memory (RAM) 17, which is addressed sequen-
tially in a continuous loop, and which provides
the necessary short-term memory.

The functions of the above-identified blocks
are:

Data Control
Provides the digitized data interface for the
analog audio in and audio out.

Address Generator

Provides multiple addresses for the RAM,
which include an address for the next input and
an address for next output.

Access Control Processor
Provides the timing signals necessary for the
orderly read/write of the RAM.

Jump Control

Provides part of the “smart FIFO" intelligence at
the output side.

Determines the “when’ and the “which” for
discard or gap-fill. It also permits a “look-ahead”
Read-out for the Pitch Period Processor.

Pitch Period Processor

Determines the “how Much” for the Jump
Control module. Working on the audio input
signal, determines a current measure of the
periodicity of the speech waveform,

Data Control

Data Control is a straight-forward treatment for
handling sampled data.

WRITE CLOCK is a regular signal with a fre-
quency in direct proportion to the tape speed or
other control voltage thus introducing the com-
pression ratio, C, to contral pitch change. It
determines how often and how the input data is
digitized. For a 1:1 compression ratio (C=1), it has
the same frequency as READ CLOCK 11. A
Nyquist sampling rate of 12.5 KHz for C=1 per-
mits an audio bandwidth of 6 KHz.

Maximum compression is specified at 2.5:1, so
the maximum frequency of WRITE CLOCK is 31.25
KHz and the Analog-to-Digital converter 12 must
be operated in 32 ps for each sample.

The digitized data word has been established at
8-bits per sample, however the A/D converter 12
and a digital to analog converter 16 are not
necessarily restricted to be of the linear type, and
may embody companding techniques to max-
imize the dynamic range of the established 8-bit
data path.

An Input Buffer 14 is for the general case of an
analog-to-digital conversion that consumes a
considerable portion of the available processing
time. This element comprises a ‘‘mail-box” so
that Data Control and Access Control need not
wait upon one another. The Input Buffer 14 may

10

15

20

25

30

35

50

55

60

65

not be required if the A/D converter is sufficiently
fast to be idle when Access Control requires new
data.

[t is noted that an INPUT STROBE and an-
OUTPUT STROBE from Access Control operate
buffers 14 and 15 but need not be necessarily
regular. But in order to ensure regular sampling,
the input sample should be in a fixed phase
relationship with the WRITE CLOCK. Likewise, the
output sample should be allowed to change only
in a fixed phase relationship with the READ
CLOCK. The Input Buffer 14 and the Output Buffer
15 provide this function.

Address Generator

The depth of RAM 17 has been established at
512, 8-bit samples. Thus, a 9-bit address is
required for each access to the RAM.

A 9-bit sequential counter provides the RAM
WRITE ADDRESS for the input sample. To ailow
for the simplest physical realization for this
counter, the counter is advanced under command
of the signal WCNT, which may be the last item in
the WRITE process flowchart (Fig. 4A), allowing
nearly the full period of the WRITE CLOCK for its
next address to settle.

A 9-bit presettable counter 19 provides the
READ ADDRESS and the non-sequential “intelli-
gent” access to the output sample. It is under
command of a combination of timing signals
from Access Control and Jump Control.

Either one of these two counter outputs is
routed at different times to the RAM through the
9-bit parallel multiplexer called POINTER MUX 18.

Access Controi Processor

This functional block provides the detailed tim-
ing and decision logic for any and all access to
data in the RAM 17. It is a single processor
controlled by a processor clock 26 and time-
shared by the two asynchronous processes READ
and WRITE. Its function and its structure are not
unlike the interrupt mechanism of a mini/
microcomputer.

Referring to the FLOWCHART, Fig. 4A, the idle
state of the ACCESS CONTROL processor is
denoted by the terminator WAIT 2. The processor
is awaiting a service request from either the READ
CLOCK or the WRITE CLOCK, or both simul-
taneously.

If a service request occurs in isolation, a hard-
ware flip/flop 23 is set to the appropriate condi-
tion corresponding to the process to be serviced,
either READ or WRITE. .

If service requests occur in coincidence the
hardware flip-flop 23 must make a “fielder’s
choice””, choosing just one process for service
{the RAM can handle only one at a time).
Whichever process is serviced is the one that is
acknowledged. Acknowledgement consists of
clearing the appropriate request and resetting of
the hardware device that initiated the process.
These devices are termed “TICK REGISTERS" 21
and 22 and may be realized by almost any simple
one-bit memory device. Their function is to pro-
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vide one and only one service request for each
period of the CLOCK (WRITE or READ) with which
they are associated. Because they have memory,
they also serve as a “mail-box” between their
CLOCK and the ACCESS CONTROL PROCESSOR.
Thus if ACCESS CONTROL is busy with a WRITE
process when READ CLOCK requests new service,
that request will still be waiting when the pro-
cessor returns to “WAIT".

It should be noted that there is no particular
ordered priority on the service of READ or WRITE.
The logic is purposely kept as simple as possible
and JUMP CONTROL is aware of this simplicity.

Jump Control

JUMP CONTROL is not a separate processor. |t
is a collection of combinational logic that pro-
vides the arithmetic computation for producing a
non-sequential (JUMP) next address or output
access. It is under control of the ACCESS CON-
TROL processor and contains a minimum of
control memory for coordinating its function
under the two processes of READ and WRITE.

Refer to the FLOWCHART, Fig. 4A, DIGITAL. At
each and every WRITE access of RAM, the W/AP
MUX 31 (called “MUX" in the FLOWCHART) is set
to “W" and (+/-) is set {—~). This permits the
signed adder 26 to make a comparison of the
WRITE POINTER and the READ POINTER. If logic
decides to make a JUMP the READ pointer is
moved (forward or back) by nAP where AP is the
pitch period and n is an integer.

ALERT DETECTION 27 examines the output of
the signed adder and saves the decision in a
JUMP Flip/Flop 29.

The JUMP decision is different depending upon
whether the system is set for COMPRESSION or
EXPANSION. The details are shown in the FLOW-
CHART. The case of COMPRESSION or EXPAN-
SION is determined by the +/— FLIP FLOP 28
which compares the sign of the difference quan-
tity R-W. This evaluation is equivalent to deter-
mining whether to WRITE pointer has moved to
within 8., or 8, of the READ pointer.

Pitch Period Processor

This module measures the glottal pulse period
and provides a constant access value of nAP for
the magnitude of the jump.

Overall Description and Operation

The central memory is a RAM 17, and the RAM
requires an address and it delivers data, or it
accepts data. Data Control treats the data, either
in or out depending on whether it is writing or
reading. Writing is at a certain address, which is
provided by the write counter, and reading is
from a read address. The two addresses have to
be combined in a multiplexer POINTER MUX 18 in
order to deliver a single address to the RAM
because the program can only access the RAM,
either read or write, but not both at the same time.
An access control process coordinates the read-
ing and the writing so that they are distinct. That
processor is driven by asynchronous signals, i.e.
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the write clock and the read clock do not have to
have any phase fixed relationship whatsoever.

The selection of write or read is made by a flip
flop 23’s being held in an undefined state, where
both its outputs are not distinct. When either the
write clock is recognized or the read clock is
recognized, or both, then the flip flop 23 is
released to flop into one of its defined states to
select one or the other, read or write.

The WRITE and READ clocks are periodic. The
leading edge of the write clock is detected by flip
flop 21 and the leading edge of the read clock is
being detected by flip flop 22 (TICK REGISTERS).
Their Q outputs feed the set/reset inputs of a
WRITE/READ flip flop 23, so the rising edge of
clock will trigger the flip flop to make an decision
to go to read or write. If there is no request, in
other words after new business is completed,
then the input flip flops (the tick registers) are
reset, so that there is a low on the set side and a
low on the reset side of the read/write flip flop 23,
and it is in a condition of so-called undefined state
of its outputs, it really has not made a decision, as
soon as either one or the other of the sets is
released, then it will take up one or the other of
the defined states. That causes it to select either
the READ or the WRITE. This is like the so-called
“fielder's choice’”, where the READ/WRITE flip
flop is the fielder and has to serve both processes,
the WRITE process and the READ process. If both
come in at the same time it makes a fielder's
choice. The process is so short that as soon as
one is completed the other process will be ack-
nowledged and serviced.

The PROCESSOR CLOCK STATE MACHINE
{PCSM) determines the individual ordering of the
data packages that go into the RAM, because the
RAM has four input/outputs—four bits—requiring
two writes to write one 8-bit data piece into the
RAM. Likewise there are two processes to retrieve
two 4-bit packages, two 4-bit nibbles, that are
combined into one 8-bit output word.

The PCSM 25 provides a three-step function. It
provides an initial delay, so that any process that
had preceded the new process will have time to
settle out. Then it allows one 4-bit nibble to
happen, and finally a second 4-bit nibble which
completes the process. Sometime during that
process, because the access control processor
knows what function it is performing—i.e. either
read or write, but never the two simul-
taneously—it acknowledges the one that it is
doing. It resets either 21 if 21 started it or 22 if 22
started it, but it does not acknowledge the other
one. In short, when it has finished an operation, it
acknowledges the one it did. If the operation that
it was not doing is set in the meantime, it is
immediately ready to perform that, immediately
after the preceding one. '

The PCSM 25 has an asynchronous clock that
can be started by either the write clock or the read
clock transition of flip flops 21 or 22. When both
are finished, the PCSM is set into its idle condition
and no longer clocks. For each write clock transi-
tion and for each read clock transition there is
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guaranteed to be one and only one cycle of the
PCSM.

The 9-bit ripple counter 20 is maintaining the
write address in a simple sequential fashion, one
address after another, and after 512 addresses it
returns to address 0. There is no reset for that
counter. It simply produces a 9-bit address that
rolls over by itself. On the other hand the read
counter 19 is a presettable counter which can be
commanded to assume any desired preset
number. That number is obtained from JUMP
CONTROL as R*nAP, a 9-bit address for the
preset of counter 19. The command to accept that
preset is recognized by counter 19 when the
LOAD CONTROL 30 is asserted and R counter
RCNT has a leading edge. The load control in
JUMP CONTROL provides the steering signal for
counter 19 and is part of the read write/timing
provided by the ACCESS CONTROL PROCESSOR.
If the signal PRESET LOAD is asserted prior to an
R count, the R=nAP preset is loaded into the
presettable counter 19. That constitutes a jump.

Until the time that the jump is necessary the 9-
bit presettable counter is operated in very much
the same manner as the counter 20. It runs under
command of the R count signal RCNT which
comes from the access control processor, so that
prior to any read the counter 19 is incremented
one address location. The ACCESS CONTROL
PROCESSOR provides as its first order of busi-
ness a delay time to allow the 9-bit presettable
counter 19 time for its addresses to settle, and
they must settle through the pointer MUX 18 into
the RAM 17 prior to the data being strobed
according-to the DATA CONTROL TIMING.

The RAM output is allowed to assume its new
analog value orily on the leading edge of the
signal from read clock number 11, so an output
buffer 15 is provided that buffers during the time
while the RAM is read out and during the time
while that data has to be delivered to the output.

The JUMP CONTROL determines the interval as
an integral number of Pitch periods, nAP. The
PITCH PERIOD PROCESSOR, in a manner which
will be described later, determines what that
number is, and puts it on a bus we calls the nAP
bus. A 9-bit number is thus continuously available
on the nAP bus to determine the magnitude of the
jump whenever a jump is needed. In the case of
compression it must be a jump ahead into higher
memory, in the case of expansion it must be a
jump back into earlier memory, so the case of
R+nAP and R—nAP provide respectively for com-
pression and expansion. In order to accomplish
this jump, a 9-bit signed adder 26 adds the current
address from the presettable counter 19 to the
nAP number and provides a new address number
at the RZnAP bus, for use when a jump is
required. A multiplexer 31 w/AP MUX, allows
same 9-bit signed adder to be used not oniy to
produce the new (after jump) address, but also to
compare the current read address R with the
current write address W, to determine when it is
necessary to make a jump. Adder 26 continuously
monitors each write address as it increments to
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_compare that new write address to the current

value of the read address. To do that a signal from
jump flip flop 29 is ordinarily in a relaxed condi-
tion (the W/AP MUX is normally set up to the W
position) so that ALERT DETECTOR 27 can con-
tinually compare W against read R. For the case of
expansion and the case of compression different
algorithms are used to determine when it is
necessary to jump. However, a single condition
will allow determination of when it is necessary to
jump but also of whether the mode is expansion
or compression.

Alert detector 27 monitors the output of adder
26 to determine when this alert condition has
happened and when a jump must occur in order
to avoid a discontinuity of the signal which would
occur if write pointer coincided with the read
pointer. When an alert happens, load control 30 is
signailed and it combines the read write timing
signals R'W TIMING so that it asserts the load
signale once, and once only, just ahead of the R
count signal, so that only one jump is made at
each time a jump requirement is detected.

A plus minus flip flop 28 monitors the condition
of the alert detector and thereby determines
whether operation is in expansion or compres-
sion. For expansion it is necessary to assert the
signal carry CY (which also feels the exclusive OR
which is part of the 9-bit signed adder 26) to cause
the 9-bit signed adder 26 now to assume the sign
of a negative. In other words, it subtracts to
produce R—nAP. That same flip flop 28 is com-
manded by ALERT DETECTOR 27 when it is
necessary to be in the minus condition for a
comparison between the read and the write
addresses in order to assert jump flip flop 29.

The amount of the jump, nAP, is determined by
the pitch period processor. This circuit is a combi-
nation of analog circuits and digital circuits. The
input audio signal is applied to a glottal puise
detector 32. Detector 32 is a device that is pre-
dominantly a filter that tracks the incoming audio
at varying speed according the value of C pro-
vided. If, as in a tape recorder application, there
are variations in the playback speed, detector 32
tracks these, so that the parameters are nor-
malized against the original recorded frequencies.
It monitors the audio peaks to detect those peaks
and advises the START/STOP transfer logic 36
that it has found each new peak.

A 9-bit ripple counter block 33 is continuously
counting at the write clock, WCNT. It transfers its
latest count into 9-bit latch 34 and start counting
again on receipt of each signal from START/STOP
36. The START/STOP transfer logic 36 receives
another input called UPDATE INHIBIT out of the
jump flip flop 29 that is necessary to keep the nAP
number from changing simultaneously at the
very time it is used to make the jump. In that event
the transfer of the 9-bit ripple counter which is
asynchronous with the W count would be held
long enough so that it will not disturb the 9-bit
latch 34 during the time of the read cycle when
data must be available. After that, the update
occurs. A limits detector 35 monitors the current



11 * EP 0127 892 Bt 12

value of the 9-bit ripple counter 33 as it counts up
until it reaches a certain minimum number. Until
that minimum is reached, even though another
start/stop signal occurs it will be ignored. Once
that minimum has been exceeded, however, a
new glottal pulse peak detection from detector 32
initiates start/stop transfer. If a certain maximum
count in rippie counter 33 is reached without a
glottal pulse peak being detected by detector 32,
limits detector 35 will reject that maximum as
being a number that is too large, in which case
there is no update. In that case the last value that
was resident in the 9-bit latch 34 is used. The 9-bit
latch 34 always has a number available for the
nAP value should it be needed. This flexibility is
necessary because the jumps taken by JUMP
CONTROL occur only when required by the rela-
tionship of the read and write pointers and this
requirement bears no relation to the occurrence
of glottal pulses detected out of detector 32 (or to
any signal criterion).

Typical values for the limits of the limits detec-
tor 35 in the range of 10 milliseconds and 20
milliseconds, normalized to the output signal,
were found to produce good results. This interval
for a valid glottal pulse period corresponds to a
pitch (i.e. fundamental frequency) range of 50 Hz
and 100 Hz. If the incoming audio is at a higher
frequency, the detected nAP will be close to the
minimum limit (i.e. 10 ms) because of the high
frequency of the detected peaks coming out of
detector 32. That is, as soon as the limits detector
34 reaches that minimum number it is likely that a
peak will come along and START/STOP 36 will
load that number close to 10 ms into the 9-bit
latch 34 and then start another cycle. Similarly if
an unvoiced sound occurs, (e.g. white noise), a
minimum number will be accumulated in 9-bit
latch 34. A minimum value significantly less than
10 ms would result in a needlessly high pro-
cessing rate, while increasing the maximum value
is limited by the size of the memory. In this
embodiment, the maximum was chosen to be
half the memory size, which makes it convenient
to determine the sign of the number out of the 9-
bit signed adder 26.

The system operates by program control as
shown in Fig. 4A and 4B to make the jump as the
write pointer approaches the read pointer. The
flow chart is written as having two processors
working on the blocks of WAIT 1 and WAIT 2.
WAIT 1 stands for processor 1 and WAIT 2 for
processor 2. The system has separate hardware
elements that are working in concert at the same
time, so there is not a single processor. Their
operation is described as distinct by using the
processor notation WAIT 1 and WAIT 2 to show
that there are processes that are going on simul-
taneously.

The ACCESS CONTROL PROCESSOR of Fig. 3C
is programmed as flow charted under WAIT 2.
There are two competing processes, a write clock
process (Fig. 4B) and a read clock process (Fig.
4A) that are waiting for processor number 2,
Processor number 2 is devoted to doing the
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business of the random access memory which
cannot read and write simultaneously. The
decision block called ANY TICK? is a waiting loop
used while the ACCESS CONTROL PROCESSOR
is waiting for something to happen. ACCESS
CONTROL has two tick registers 21, 22. When
either tick register is set the tick decision biock
exits on the YES side into FLIP FLOP TO ONE
ONLY, READ ELSE WRITE (corresponding to flip
flop 23). Taking first the write cycle, the program
signals the analog digital converter 12 to stay out
of the input buffer Fig. 4B (BUFFER BUSY?). Then
after a delay, it permits that buffer to clear had it
been busy. This operation is CLEAR THE WRITE
PROCESS TICK REGISTER. It can be done any
time in this flow, but it is convenient to do it here.
Next the input buffer is transferred to the random
access memory. (in Fig. 3A the input buffer 14 is
strobed by the input strobe and data is written in
through the bidirectional I/O line into RAM 17).
Then the analog to digital converter, if it happens
to be converting at that particular time, is cleared.
The next step is to check POINTER ALERT. Here
the output of the jump control 9-bit signed adder
26 is used to compare the read address against
the write address to find out if the separation of
the two pointers is collapsing. Most of the time
the program will find that the pointers are not
collapsing so the NO exit is taken. Then the only
remaining order of business in the write process
is to advance the write pointer, that is to incre-

‘ment the 9-bit ripple counter 20. Then the pro-

gram goes to WAIT 2. Now because the write
process tick register was cleared, when the pro-
gram comes back up to WAIT 2 it will hit the
interrogation block ANY TICK? and there will not
be a tick coming from the write clock. But a tick
might have been recognised from the read clock.
In that case ANY TICK YES goes to ONLY READ
ELSE WRITE and selects READ because WRITE
has been satisfied.

In the read process it is necessary to switch the
POINTERS MUX to select the 9-bit read address
from counter 19. That is only done in the read
process since the write process assumes that a
write address is always available. Next the pro-
gram advances the read pointer, changing the R
count signal, RCNT, which tells counter 19 to
increment to R+1. Note that there is an increment
even if there is a jump. Next is an unconditional
delay to insure that the count has settled on the
output lines of counter 19.

This is a convenient place to clear the read
process tick register that started this read cycle.
With the addresses settled it is now time to read
the RAM to OUTPUT BUFFER. It is'not read at this
time directly to the audio output because to do
that that would cause the output to jitter. To
assure that the output will be very regular, the
RAM is written to the output buffer.

The output buffer 15, although it is connected to
the digital to analog converter DAC 16, has a built
in latch so that although the DAC is connected the
last piece of data is holding on the output. Under
the control of the read clock the program strobes
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that output buffer to the DAC latch. This is shown
in the upper right hand portion of the flow chart.
The strobe occurs always on the leading edge of
the read clock. The last value that was resident in
the buffer, when last read, is then transferred to
the latch haif of the digital analog converter 16.
Because that read clock also triggers the tick
register there will not be a read cycle that's
occupying that buffer at the same time.

After reading the RAM to the output buffer, the
program moves to an interrogation block where it
is asked “is JUMP FLIP FLOP SET?”. The jump flip
flop is part of the write process. If it has not been
set, a NO output returns the READ pointer mux to
the write selection and again the program goes
back to WAIT 2.

After satisfying the read process the program
will not do another read until the clock RCNT has
gone low and then again high. If after the read
process the write clock had left something in the
tick register the program again would imme-
diately follow through and do the write cycle. For
the conditions which follow on the write cycle the
pointer alert that is doing a comparison using the
9-bit signed adder 26 with the W/AP MUX in the W
position which it ordinairly is in, compares the
read address with this latest write address. If the
POINTER ALERT has signalled yes, (there is an
impending collision of the two pointers), then
alert detector 27 will have a signal asserted, and it
will be used to set the jump flip flop 28. At the
same time that jump flip flip is set the W/AP MUX
is toggled over to the AP position because the
next order of business will be for the read process
to employ nAP, to accomplish the jump. To set a
pointer -alert here required a comparison, that is
the +/— flip flip 28 is ordinarily set in its minus
condition, because subtraction is equivalent to a
comparison. When the jump flip flop issettodo a
jump, and the 9-bit signed adder is also set in-a
positive condition, as an adder, it is for the case of
compression, for a jump forward. In that event the
flip flop is set to plus. Otherwise it is left in the
minus position for the case of expansion. The way
to determine the polarity is to examine the output
of the 9-bit signed adder to determine the sign of
R—W. All of the bits out of the 9-bit signed adder
are examined to determine whether they are
positive or negative. If they are small and positive
then it must be because the pointers are collaps-
ing in that particular direction—i.e. the case of
compression. If they are small and negative, it
must be because the pointers are collapsing in a
direction that means to expansion. Even though
the sign is determined, there is no jump because
the program is in the write process. The program
sets the jump flip flop and goes over to the read
process toward the condition block to interrogate
in the read process whether the JUMP flip flop is
set. In the next read process the program
interrogates the jump flip flop and since it is set, it
takes the branch. This will jump the read pointer
which takes R to R+ or —nAP, the plus or minus
being determined by the plus or minus flip flop
block 28, which had been set in compression
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during the write process. Making the jump clears
the jump flip flop to acknowledge the fact that the
write process had called for a jump which was
executed. Thus the program jumps only once,
until the condition happens again.

Now the W/AP MUX 31 is returned to its normal
condition in the write position, and the plus minus
flip flop 28 is cleared to its normal condition,
being minus. To repeat, in the write process the
two conditions of being in the minus position and
being in the W position are always needed to
compare W against R to determine if a jump is
required. The last order of business in Fig. 4Ais to
steer the pointer MUX to its normal position, i.e.
WRITE.

The program for analog to digital converter 12
is shown under WAIT 1 in Fig. 4B. The tick register
21 monitors the write clock. If the write clock
leading edge happens at this time, this processor
can recognize it in the same manner that WAIT 2
did. The first thing it does is clear this tick register
and that causes the conversion from analog to
digital. To determine where to store that data it
must examine whether or not input buffer 14 is
busy, because the process of WAIR 2 could be
accessing it at the same time. If buffer 14 is free to
be used then BUFFER BUSY? is NO. This takes the
conversion from the analog to digital converter 12
and puts it into the input buffer 14. The program
immediately goes back and starts another conver-
sion unless WAIT 2 process signals it to stay out
of buffer.

That same audio analog signal that is about to
be converted to digital is being used by the
analog pitch period detector 32 to decide whether
or hot there is a start of a pitch period, by
detecting a glottal pulse. Under WAIT 3, another
process (which is nothing more than a counter
and a few gates) is counting the interval between
glottal pulses of the audio input. First the program
disables a peak or “’P” counter (comprised of a 9-
bit RIPPLE counter 33, START/STOP TRANSFER
LOGIC 36 and LIMITS DETECTOR 365) to stop the
input pulses and set the count to zero, and then it
waits for a new glottal puise to appear. The
counter 33 is reset to a starting condition of zero.
The last value of the pitch period that was
counted is not lost because it can be resident in 9-
bit latch 34. When a glottal pulse comes in from
the analog pulse detector 32 the program exits
the START OF PITCH PERIOD in the yes branch
and enables the peak counter. Enabling the peak
counter allows the W counts WCNT to come in on
the right hand side of the 9-bit ripple counter 33.
The system monitors the glottal pulses and each
count advances the counter, P becomes P+1. The
limit detector 35 checks whether or not the high
limit count is overrun, that is, if the count is
greater than 384 which is about 3/4 the size of the
memory and equivalent to roughly 20 ms. If YES,
the count is greater than the high limit and it
means there was a long interval between glottal
pulses {longer than is expected in normal
speech), so it must have been a pause in the
speech. JUMP should not be based on such a
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signal because that is not a steady state condition,
so in that case the program just aborts and goes
back to WAIT 3. Note that when program follows
that branch it does not change the number that is
still resident in 9-bit latch 34.

If the number is less than that maximum, then
the program asks whether or not the end of pitch
period has happened. If there is a glottal pulse,
the count is stopped and the program exits via the
yes branch and then examines the number in the
P counter to see if it is greater than 95. This is an
arbitrary limit that is set, equivalent to the 10 ms
minimum limit. If the number is greater than that
very small minimum then it is called a good pitch
period because it had to be less than or equal to
384 and it had to be greater than 95 which
constitutes good pitch period (i.e. a voiced pitch).
Then the program asks if the jupm flip flop is set.
If the jump flip flop is set latch 34 is not changed
because the read cycle may be using it at the
same time. If the jump flip flop is not set then the
read cycle is not about to use the nAP that is
resident in the 9-bit latch 34 so AP BUFFER is
updated. In that case the number from the 9-bit
ripple counter 33 is transferred to the 9-bit hold-
ing latch 34 and that ends that cycle.

When a cycle is ended a new one starts. The
program disables the peak counter and sets the
count to zero, to START OF PITCH PERIOD. In this
case the answer is yes because the start of one
signals the end of another, or vice versa—the end
of one will signal the start of an other. If YES, the
program resides for most of the time in a loop
following the “enable P counter” and W count
WCNT, loops on the “no” branch. This is the
waiting time which increments the P counter
upon each write cycle and keeps incrementing
that counter until another end of pitch period is
found or the count exceeds the upper limit. As
long as the count is less than 384 the loop repeats
until the end of pitch period and as long as “end
of pitch-period” is NO, meaning that the next
glottal pulse has not occurred, the program con-
tinues to loop and increment the P counter on
each new write count. Thus the program counts
the number of write cycles between glottal
pulses, and this interval when found is loaded
into the 9-bit latch 34.

Referring now to Fig. 5, a modification for
control of the two read pointer systems intro-
duced in Fig. 2 will be described. Fig. 5 shows
only enough of Fig. 3 to illustrate the changes
made for this improvement.

This embodiment addresses the problem of the
large time delay between the detection of glottal
pulses and the use of this information for the
Read Pointer jumps. It improves operation by
providing an auxiliary Read Pointer in fixed rela-
tive position to the write pointer and used solely
for the purpose of providing data to the glottal
Pulse Detector 32. .

This data from read pointer R2 is read out of
memory through an additional DAC 37, buffered
by an additional output buffer 36. It should be
noted that depending upon the speed capabilities
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of a typical DAC, a single DAC may serve in a
multiplexed capacity to provide the secondary
“R2 Analog Data"’.

Whether or not an additional DAC, or a single
multiplexed DAC is employed, an additional
strobe timing signal is required from the Access
Control Processor. This signal called R2 Strobe is
generated by Access Control Processor in
response to a request for Access to the RAM
derived from WRITE CLOCK ODD.

WRITE CLOCK 10 is necessarily doubled in
frequency for this refinement. A divide-by-two
flip/flop 38 delivers two alternating signals. One
of them, WRITE CLOCK EVEN, is used to signal
the input A/D converter 12 in the same manner
and at the same frequency as was used for the
system of Fig. 3. Access to the RAM for writing the
digital data into memory is synchronized from
this signal in a manner similar to the basic
system.

The new signal WRITE CLOCK ODD, gains
access to the RAM by way of the Access Control
Processor to cause a READ Process to occur in
between each WRITE process, and so this new
READ process occurs at the same controlled rate
as the WRITE processing. The WRITE aspect of
WRITE Processing is the same as in the basic
system, however a new READ aspect is added so
that the Audio Input signal can effectively be
shifted along the time-axis before being applied
to the Glottal Pulse Detector 32.

In the case of an Analog Glottal Pulse Detector,
an additional DAC function is needed for this
refinement. Such additional function may be pro-
vided explicitly in the additional DAC 37 or it may
be derived implicitly by suitable multiplexing of
DAC 16 of Fig. 3 with subsequent analog demuiti-
plexing.

For the case of a Digital Glottal Pulse Detector,
only the additional READ aspect of WRITE Pro-
cessing is required.

For whichever type of data processed, the
remainder of this description affords the
addressing to effect the aforementioned time-axis
shift of the audio input signai.

The 9-bit RIPPLE COUNTER 20 is the same
Write Pointer Counter as in the basic system. A
new offset structure comprised of a 4-bit Adder 39
and W/R2 Selection Multiplexer 40 provides for
the time-axis shift.

An exampie of an “offset code” of 128 is shown
as an input to the 4-bit Adder 39. This number
may be any number that can be represented with
the upper 4-bits of a 9-bit code, 128 happesn to
represent one-quarter of the 512 possible WRITE
addresses. The smallest possible number for a 4-
bit offset code is 32, representing 6-1/4% of the
depth of the data memory. Other codes in incre-

. ments of 6-1/4% are possible.

The secondary R2 Analog Data may be selected
to be read out of memory either ahead of the
WRITE Pointer or behind the WRITE Pointer
depending upon the phase relationship of timing
signals OFFSET SELECT and WRITE CLOCK
EVEN. If OFFSET SELECT is asserted to select the
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4-bits, from 4-bit Adder 39 at the same time as
WRITE EVEN causes data to be written into
memory, while READ Aspect R2 Strobe occurs
when OFFSET SELECT is unasserted to select the
4-bits directly from counter 20, then the R2
Analog Data wiil lag behind the Audio INput by
the amount of OFFSET CODE. Conversely, if the
phase relationship of OFFSET SELECT is such that
it coincides with WRITE CLOCK ODD, then it will
be the Audio INput that lags behind. But because
the memory is a circular store, the effect is to have
R2 Analog Data lagging behind Audio INput by
the full size of the memory (for exampie 512) /ess
the amount of OFFSET CODE.

A further feature of this refinement is COM-
PRESSION/EXPANSION DISCRIMINATOR 45.
This lock block compares the writing rate against
the reading rate and so is able to assert a logic
signal “COMP’" when the writing rate exceeds the
reading rate. ACCESS CONTROL PROCESSOR is
thus able to make use of this information in
deciding which phase relationship to apply to
OFFSET SELECT.

it will be seen that if OFFSET SELECT is leftat a
steady logic level, either logic true or logic not
true, then addresses derived from counter 20 are
efefctively the same for WRITE CLOCK EVEN and
WRITE CLOCK ODD, providing a condition of zero
offset regardless of the value of “OFFSET CODE".
It is this condition of zero offset that is desirable
for the case of Expansion, wherein the READ
Pointer jumps backward away from the WRITE
Pointer, jumping over data that has just been
evaluated for its pitch-period.

For the case of compression, the READ Pointer
tends to lag behind the WRITE Pointer and this lag
becomes progressively greater until it becomes
necessary to jump ahead because the full size of
the circular store is filled and the WRITE Pointer
will soon overrun the READ Pointer resulting in an
uncontrolled “jump’’ and a consequential indeter-
minate splice of the output data. Accordingly,
when a jump is taken just slightly before this
overrun condition and it is taken only by the
amount of “nAP”, the resulting READ Pointer will
stiil likely be deep into data memory. In fact, with
this ‘“Jump-On-Necessity” Logic, the READ
Pointer manages to just stay ahead of the WRITE
Pointer in the circular store. This behaviour is
perfectly acceptable when the speech waveform
is reasonably steady-state in Pitch-Period. But
when the Pitch-Period is ““gliding” to a new value,
and when it is being derived from the Audio
iNput, then the Pitch-Period most recently evalu-
ated may be considerably in the future in respect
to the READ Pointer. It is for this condition that
this R2(W) modification of Fig. 5 proves most
useful. By providing an offset such that R2 Analog
Data comes from data deep into the circular store,
then the evaluation of Pitch-Period can come from
data that is more nearly aligned in time with the
section of memory over which the primary READ
pointer will actually make its jump.

Accordingly, the preferred embodiment of this
refinement is to operate with OFFSET SELECT ata
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steady level for zero offset when COMPRESSION/
EXPANSION DISCRIMINATOR (45) indicates the
case Expansion (Comp.=0) and for the case of
Compression (COMP.=1) to operate the OFFSET
SELECT asserted in an in-phase relationship with
WRITE CLLOCK ODD so that R2 ANALOG DATA is
extracted ahead of the WRITE POINTER by the
amount of “OFFSET CODE".

An embodiment of the invention affords two
distinct features either for the Basic System of Fig.
3 or for a Basic System refined according to R2
(W) as in Fig. 5. The modifications of Fig. 3 used to
implement these features are shown in Fig. 6.

The first feature affords a means to obtain a
multiplicative vaiue for nAP, wherein AP comes
from a measurement between exactly two glottal
pulses and “n” is derived from the second
feature. This first feature thus affords a means to
obtain a jump value that can be derived from the
smallest possible time interval {n=1) and is there-
fore more often available than a value that is
derived by counting over more than one Pitch-
Period (n=2, 3, etc.) and can thereby be more
recently representative when Pitch-Period is
rapidly changing.

The second feature affords a means to control
the “keep interval”, the interval between jumps
which becomes more important at higher values
of compression ““C"” when the WRITE POINTER
speeds away from the READ POINTER so fast that
jumps are necessary so often that the READ
POINTER is never able to deliver a contiguous
segment that is long enough to guarantee that it
contains at least one glottal pulse. Such higher
compression ratios dictate the use of larger dis-
card segments to insure that the keep segments
will be of adequate length; however, at lower
compression ratios, shorter discard segments
may be preferable. Accordingly, Matrix ROM
(Read-Only-Memory) 42 provides a means to
adapt a large memory for purposeful full exploita-
tion for large C and for purposeful partial exploita-
tion for C more nearly unity. The absolute value of
jump equivalent to the discard segment can be
the design objective, because “AP” is part of the
Matrix input.

READ/WRITE FREQUENCY DISCRIMINATOR 44
compares the writing rate against the Reading
rate and provides a 3-bit binary measure of
compression “C”. Thus C® output represents
compression, C°~° represents expansion and C' is
normal playback with no pitch change. A “AP”
counter provides a frequently updated 9-bit
binary number representing the interval of
address locations between glottal pulses.
Together these 12-bits provide a look-up address
for Matrix ROM 42. The Matrix ROM 42 provides
as the operand of its look-up a 4-bit tabled data
element representing the desirable value of “n”
from n=1to n=15.

A 4x4K=16K-bit ROM is sufficient although
certainly not necessary for the size of Matrix ROM
42, Combinational Logic on the 12-bit addresses
AP and C can be used to reduce this memory
requirement.
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The AP counter is comprised of the 9-bit RIP-
PLE counter 33, START/STOP TRANSFER LOGIC
36 and LIMITS DETECTOR 35 forming an inter-
val counter for the number of write pulses
between exactly two pulses from Analog Glottal
Pulse Detector 32. This is simply a specialization
of the nAP counter of the system of Fig. 3, but
with LIMITS DETECTOR 35 set sufficiently low
that n=1.

AP Counter stores its most recent
measurement in 9-bit AP BUFFER 46, and each
time it does so it signals successive ADDITION
SEQUENCER 41 that new data is available.

After each data sample is read out of RAM 17
(Fig. 3), the successive ADDITION SEQUENCER
receives a synchronizing start signal END OF
READ CYCLE. If new data is available from the
AP counter, the SUCCESSIVE ADDITION
SEQUENCER will begin to perform “n"” succes-
sive additions and will complete its operations
before the next READ-CYCLE when “nAP” may
be required. A RESET signal is first sent to a 9-
bit nAP store 43 to clear it to zero. This zero
appears on a 9-bit adder 40 together with the
new AP from the AP counter. A strobe signal is
then issued to nAP STORE 43 from the
sequencer 41 so that it takes the sum of AP and
zero. (If n(AP, C)=1, the sequence is completed.
For n(P, C)=2, successive strobes are issued,
with only a short settling time required between
strobes. Thus the nAP STORE accumulates
AP+0=AP, AP+AP=2AP, 2AP+AP=3AP and so
on until “n" is satisfied, where the value of “n”
is obtained from MATRIX ROM 42. For example,
higher C values would require a larger n, while
larger AP values would require a smaller n.

An alternative mode of operation of Fig. 3 will
now be described. lts objective is the same as
that to be described with reference to Fig. 5 in
that it seeks to minimize the delay between the
Pitch-Period information and the READ POINTER
for the case of compression (C>1). In so doing it
also makes the size of the circular store less of a
design consideration.

The architecture for this refinement is the
same architecture as that of Figs. 3 and 4, the
only modification’s necessary are contained in
the timing signals that are generated by the
ACCESS CONTROL PROCESSOR.

The modification may be thought of as pro-
ducing a “trial jump’ between each and every
READ ACCESS, so that a second virtual ALERT
POINTER is created, running at the READ rate
but running ahead of the READ POINTER by an
amount nAP. Then the ALERT DETECTOR 27
instead of operating on the quantity “R—W”,
operates on the quantity “R+nAP-W". The
criteria for ALERT (when a jump is to be taken)
then becomes not a JUMP-OF-NECESSITY but
rather a JUMP-ON-OPPORTUNITY. -

The modification need only apply to the case
of compression. The case of Expansion remains
unchanged, its ALERT Logic is still the Jump-of-
Necessity but because its READ rate tends to
overtake the WRITE POINTER, the two pointers
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tend to maintain a close separation with the
READ POINTER only in shallow memory. Thus
the Pitch-Period information obtained from the
Audio INput (essentially equivalent to the infor-
mation being written into the memory by the
WRITE POINTER) can be used for determining
the jump distance without introducing an error
due to spatial separation in the memory.

The Pitch-Period being extracted from the
AUDIO INput is that corresponding to the signal
information stored in shallow memory. This is
generally a desirable feature because it means
that when the Pitch-Period changes the speech
waveform that belongs to that change is in
recent memory. If a jump is taken over that
same waveform it will produce a good splice,
since the Pitch-Period information used is that
of the signal actually jumped over. But if the
READ POINTER is allowed to sink deep into
memory the waveforms that it jumps over have
been measured for Pitch-Period at a much
earlier time and if the Pitch-Period is changing
and is being continuously updated, the approp-
riate nAP for the jump is no longer available.

"JUMP-ON-OPPORTUNITY"” for the case of
compression, “Jump-On-Necessity”’ for the case
of Expansion is the strategy that this refinement
employs to operate always in shallow memory.

Implementing this refinement is easiest when
the ALERT Logic is not required to make the
COMPRESSION/EXPANSION decision as it did in
the Basic System. A READ/WRITE FREQUENCY
DISCRIMINATOR can perform this function as
hereinafter described with reference to Fig. 7, so
that for the case of Expansion this refinement
reverts to the basic system of Fig. 3. For the
case of compression, an additional function of
the READ counting is required, the “TRIAL
JUMP”,

The READ Access of Fig. 3 is left unmodified,
however the WRITE Access is expanded to per-
form the Trial Jump and the ALERT testing. At
the beginning of WRITE Access, not only is data
written into memory but a Trial Jump is com-
manded of the READ address counter. The W/
AP Multiplexer 31 is reset to “W’ and "“+/-"" to
*—'" so that a comparison can be made between
the trial jump and the current WRITE Address
counter, which is the ALERT test. The result of
the test then determines whether or not the trial
jump will be retained as an actual jump.

In the remaining expanded portion of the
WRITE Access, the READ Address Counter is
either commanded to return to its original value
or simply left in the “R+nAP” condition, thus
constituting a jump. Most often the ALERT test
indicates that the Trial Jump should be reneged,
so a second command is issued after having
returned the W/AP Multiplexer 31 to AP. The
result of this second, conditional command, is
R=R+nAP—nAP, the original READ POINTER
value.

The last item of business in the expanded
WRITE Access, is to update the NAP Counter. It
is important to note that the nAP that is used
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ifor the Trial Jump is not changed before it will
again be used to renege the jump.

The criteria for the ALERT Test to decide to
retain the Trial Jump is simply that there is
“room” to Jump. If the Trial Jump causes the
ALERT POINTER (R+N P) to exceed the WRITE
POINTER then it is not yet time to retain the jump,
and the Trial Jump is reneged. This strategy
ensures that the READ POINTER sinks no deeper
into memory that it has to. As soon as it has sunk
back far enough that it can jump forward by n P
without overtaking the WRITE POINTER, it does
so. The result is that the READ POINTER operates
in the same shallow memory for both the case of
Expansion and now also for the case of compres-
sion.

An alternate to the embodiment of Fig. 6 is
shown in Fig. 7. The system of Fig. 7 provides all
of the features of Fig. 6 and adds the additional
ability to provide predetermined default con-
stants for nAP under certain specified conditions.

This new version trades-off the complexity of
the successive addition sequencer 41 and the 9-
bit signed adder 40 for a larger READ-ONLY-
MEMORY (ROM) 50. Instead of computing the
value of n P, all values are tabled in MATRIX ROM
{50).

For those conditions for which AP is within a
reasonable range, the values tabled in the MAT-
RIX ROM (50} are simply AP multiplied by the
most advantageous integer n for the C rate. Thus
the multiplication is already taken care of when
the Matrix 50 is consulted in real time.

For those conditions for which AP is unreason-
ably small or large, the values tabled can be
“default”” values that have been determined to be
most appropriate for the particular C rate.

Various modifications of the disclosed embodi-
ments will now be apparent to those skilled in the
art. The invention is to be considered as including
all such variations as come within the scope of the
appended claims.

Claims

1. The method of altering the pitch of an audio
signal comprising the steps of:

sampling said audio signal at a first rate and
writing consecutive signal samples so derived in
a random access memory;

reading said memory at a second rate to
recover stored samples as output signals in the
same consecutive order, said first and second
rates having a ratio according to the pitch altera-
tion desired; characterized by:

determining the pitch period (Delta P) of said
audio signal;

resetting the start location of continued reading
of said stored samples from said memory to a
location separated from the last reading location
by approximately the number of consecutive
samples within an integral number (n) of said
pitch periods (Delta P) whenever the writing and
reading locations in said memory are separated

by less than a predetermined differential, said
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resetting being in a direction such that moving
said start location of continued reading never
crosses said writing location,

using only determined values of Delta P which
fall in a range between a predetermined mini-
mum and a predetermined maximum which
range is defined as an expected range of voice
periods (Delta P), and

varying the value of n in dependence both upon
said ratio of the first to the second rate and the
fength of Delta P, the varying being in a down-
ward direction for an increasing ratio or increas-
ing Delta P.

2. Apparatus for pitch conversion of audio
signals comprising:

means (12) for deriving sequential samples of
said audio signals;

an addressable memory {17);

means (1) for writing said samples at a first rate
into said memory (17) for storage and retrieval;

means (2) for reading said samples from said
memory (17} at a second rate in ordered sequence
corresponding to said sequential samples;

means (16) for utilizing the sequence of signals
read out of said memory to produce an output
signal; )

means (32, 33, 36) for determining the pitch
period (Delta P) of said audio signals; charac-
terized by:

means {Fig. 3B) for resetting the start location
for continuing said reading of the stored samples
from said memory (17) to a location separated
from the last reading location by approximately
the number of consecutive samples within an
integral number (n) of said pitch periods (Delta P} -
whenever the writing and reading locations in
said memory are separated by less than a pre-
determined differential, said resetting being in a
direction such that moving said start location for
continuing said reading never crosses said writ-
ing location; only determined values of Delta P
being used which falls in a range between a
predetermined minimum and a predetermined
maximum which range is defined as an expected
range of voice periods (Delta P), and

means (35) for varying the value of n in depend-
ence both upon said ratio of the first to the second
rate and the length of Delta P, the varying being in
a downward direction for an increasing ratio or
increasing Delta P.

3. Apparatus according to claim 2 wherein said
second rate is greater than said first rate whereby
the reading location approaches the writing loca-
tion in said memory and said resetting shifts said
start location for said continued reading back-
ward in said sequence thereby repeating some of
said samples in said output signal.

4. Apparatus according to claim 2 wherein said,
second rate is less than said first rate whereby the
writing location approaches the reading location
in said memory and said resetting shifts said start
location for said continued reading forward in
said sequence thereby discarding some of said
samples from appearing in said output signal.

5. Apparatus according to claim 2, wherein said
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means for resetting the start address comprises
means (33, 35) for effecting said resetting when-
ever the separation between writing and reading
address locations becomes less than a predeter-
mined minimum or greater than a predetermined
maximum, said resetting incrementing said
separation to be respectively greater than said
minimum or less than said maximum.

6. Apparatus according to claim 5 wherein said
audio signals are applied as the input to said
means (32, 33, 36) for determining pitch period.

7. Apparatus according to claim 5 including
second means for reading said samples at said
first rate at an address location near the current
writing address location, the output of said
second means being the input to said means for
determining the pitch period.

8. Apparatus according to claim 7 wherein said
second rate is less than said first rate and said
spacing is selected to have said second means
read from said memory closely ahead of said
writing.

9. Apparatus according to claim 7 wherein said
second rate is greater than said first rate and said
spacing is selected to have said second means
read from said memory contiguous with or
closely following said writing.

10. Apparatus according to claim 7 wherein said
second reading means read from memory closely
ahead of said writing and including switch means
responsive to determining that said first rate is
less thdn said second rate for disconnecting the
output of the said second reading means from the
input of the means for determining the pitch
period and simultaneously connecting said audio
signals to the input of said means for determining
the pitch period.

11. Apparatus according to claims 5,6, 7,8 or 9
and including means for determining if said pitch
period is outside predetermined upper and lower
values for pitch periods, and means for modifying
said resetting whenever said pitch period is out-
side said limits.

12. Apparatus according to claim 11 wherein
said means for modifying said resetting includes:

means responsive to determining that said
pitch period is greater than said upper vaiue for
discarding from said output a sequence of
samples corresponding to a  predetermined
value; and

means responsive to determining that said
pitch period is less than said lower value for
discarding from said output signal a sequence of
samples corresponding to a second predeter-
mined value.

13. Apparatus according to claim 12 wherein
said second predetermined value is selected to be
a multiple of said predetermined minimum pitch
period value.

14. Apparatus according to claim 11 and
including means for storing the current value of
said pitch period only if such value is within said
limits and means responsive to determiming that
the current value of said pitch period is below said
minimum or above said maximum for controlling
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said resetting to be by approximately the number
of samples within an integral multiple of said
stored pitch period value. 2

15. Apparatus according to claim 5 including
means for controlling the amount of said reset-
ting to be approximately the number of samples
in an integral multiple of the iast determined pitch
period.

16. Apparatus according to claim 12, 14 or 15
wherein the integer for said integral number or
multiple is determined as a function of the value
of said last determined pitch period or the ratio
"C" of pitch change being accomplished or both.

17. Apparatus according to claim 5 wherein the
means for determining the pitch perid of said
audio signals comprises a means for detecting
the start of a pitch period and including:

means for summing a predetermined number
of consecutive pitch periods; and

means for using said sum for controlling said
resetting to be by approximately the number of
samples within said sum of recent pitch periods.

18. Apparatus according to claim 5 wherein the
means for determining the pitch period of said
audio signals comprises a means for detecting
the start of a pitch period and including:

means for summing one or more consecutuve
pitch periods;

means for monitoring whether said sum is
within predetermined minimum and maximum
limits;

update storage means for storing a recent value
of said sum;

means responsive to determining that said sum
is within said limits for restarting said summing
means and for storing said sum in said storage
means; and

means for using the sum currently stored in
said storage means for controlling said resetting
to be by approximately the number of samples
within said sum of recent pitch periods.

19. Apparatus according to any of claims 2 or 5
wherein said second rate is less than said first rate
and containing means to control said resetting to
take place whenever said writing address location
is ahead of said reading address location by more
than the number of consecutive samples within
the integral number of pitch periods by which the
read location is to be advanced in said sequence.

Patentanspriiche

1. Verfahren zum Andern der Grundperiode
eines Audiosignals mit den Verfahrensschritten:

Abtasten des Audiosignals mit einer ersten
Rate und Speichern der aufeinanderfolgenden
Signalabtastwerte, die auf diese Weise gewonnen
wurden, in einem Speicher mit wahlfreiem
2ugriff;

Lesen des Speichers mit einer zweiten Rate zur
Wiedergewinning gespeicherter Abtastwerte als
Ausgangssignale in der gleichen Reihenfolge,
wobei die erste und die zweite Rate ein Verhaltnis
entsprechend der gewiinschten Grundperiode-
nanderung haben, gekennzeichnet durch:
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Bestimmen der Grundperiod (Delta P) des
Audiosignals;

Zurlckstellen der Anfangplatzes des fortlaufen-
den Lesens der gespeicherten Abtastwerte aus
dem Speicher auf einen Platz, der von dem zuletzt
gelesenen Platz durch ungefahr die Anzahl der
aufeinanderfolgenden Abtastwerte innerhaib
einer ganzen Anzahl (n) der Grundtperioden
{Delta P) getrennt ist immer dann, wenn der
Scheib- und der Leseplatz im Speicher um weni-
ger als eine vorgegebene Differenz getrennt sind,
wobei die Zuriickstellung in einer solchen Rich-
tung erfolgt, daB die Bewegung des Anfangsplat-
zes beim fortlaufenden Lesen niemals den
Schreibplatz iberquert,

Verwendung nur bestimmter Werte von Delta
P, welche in einen Bereich zwischen einem vorge-
gebenen Minimum und einem vorgegebenen
Maximum fallen, wobei dieser Bereich als erwar-
teter Bereich der Stimmeperioden Delta P defi-
niert ist, und

Andern des Wertes von n in Abhangigkeit
sowohl vom Verhiltnis der ersten zur zweiten
Rate als auch von der Linge von Delta P, wobei
die Anderung flr ein zunehmendes Verhiltnis
oder ein zunehmendes Delta P in Abwértsrich-
tung erfolgt.

2. Einrichtung zur Grundperiodendnderung
eines Audiosignals, mit:

einer Vorrichtung (12) zum Gewinnen aufeinan-
derfolgender Abtastwerte des Audiosignals;

einem adressierbaren Speicher (17);

- einer Anordnung (1) zum Schreiben der Abtast-
werte mit einer ersten Rate in den Speicher (17)
zur Speicherung und Wiedergewinnung;

einer Anordnung (2) zum Lesen der Abtast-
werte aus dem Speicher (17) mit einer zweiten
Rate in einer geordneten Folge entsprechend den
aufeinanderfolgenden Abtastwerten;

einer Anordnung (16) zur Verwendung der
Folge der aus dem Speicher herausgelesenen
Signale zur Erzeugung eines Ausgangssignals;

einer Anordnung (32, 33, 36) zum Bestimmen
der Grundperiode (Delta P) des Audiosignals;
" gekennzeichnet durch:

eine Anordnung (Fig. 3B) zum Zuriickstellen des
Anfangsplatzes fiir die Fortsetzung des Lesens
der gespeicherten Abtastwerte aus dem Speicher
(17) auf einen Platz, der vom zuletzt gelesenen
Platz durch ungefahr die Anzahl der aufeinander-
folgenden Abtastwerte innerhalb einer ganzen
Anzahl (n) der Grundperioden (Delta P) getrennt
ist, immer wenn der Schreib- und der Leseplatz
im Speicher um weniger als eine vorgegebene
Differenz voneinander getrennt sind, wobei das
Zuriickstellen in einer solchen Richtung erfolgt,
dafl die Bewegung des Anfangsplatzes fUr die
Fortsetzung des Lesen niemals den Schreibplatz

{iberquert; wobei nur bestimmte Werte von Delta

P verwendet werden, die in einen Bereich
zwischen einem vorgegebenen Minimum und
einem vorgegebenen Maximum fallen, welcher
Bereich als erwarteter Bereich der Stimmeperiode
(Delta P) definiert ist, und i

eine Anordnung (35) zum Andern des Wertes
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von n in Abhéngigkeit sowohl vom Verhéltnis der
ersten zur zweiten Rate als auch von der Lénge
von Delta P, wobei die Anderung flr ein zuneh-
mendes Verhaltnis oder zunehmendes Delta P in
Abwartsrichtung erfolgt.

3. Einrichtung nach Anspruch 2, bei der die
zweite Rate gréRer ist als die erste Rate, so daf
der Leseplatz sich dem Schreibplatz im Speicher
nahert und die Ruckstellung den Anfangsplatz fiir
das fortgesetzte Lesen in der Folge nach hinten
verschiebt, wodurch manche Abtastwerte im Aus-
gangssignal wiederhoit werden.

4. Einrichtung nach Anspruch 2, bei der die
zweite Rate kieiner als die erste Rate ist, so daR
sich der Schreibplatz dem Leseplatz im Speicher
nahert und die Rlckstellung des Anfangsplatzes
fiir das fortgesetzt Lesen in der Folge nach vorne
verschiebt, wodurch das Erscheinen einiger
Abtastwerte im Ausgangssignal entfallt.

B. Einrichtung nach Anspruch 2, bei weicher die
Anordnung zum Rlckstellen der Anfangsadresse
eine Anordnung (33, 35) enthilt, welche die Riick-
stellung immer dann bewirkt, wenn der Abstand
zwischen dem Schreib- und dem Leseadressen-
platz kleiner als ein vorgegebenes Minimum oder
gréBer als ein vorgegebenes Maximum wird,
wobei die Rickstellung den Abstand inkrement-
maRig so dndert, da er groRRer als das Minimum
bzw. kleiner als das Maximum wird.

6. Einrichtung nach Anspruch 5, bei welcher die
Audiosignale der Anordnung (32, 33, 36) zum
Bestimmen der Grundperiode als Eingangssignal
zugefiihrt sind.

7. Einrichtung nach Anspruch 5, mit einer zwei-
ten Anordnung zum Lesen der Abtastwerte mit
der ersten Rate an einem Adressenplatz in der
Néhe des augenblicklichen Schreibadressenplat-
zes, wobei der Ausgang der zweiten Anordnung
der Eingang fir die Anordnung zum Bestimmen
der Grundperiode ist.

8. Einrichtung nach Anspruch 7, bei der die
zweite Rate kleiner als die erste Rate ist und der
Abstand so gewdhit ist, daf? die zweite Anord-
nung den Speicher knapp vor dem Schreiben
liest.

9. Einrichtung nach Anspruch 7, bei der die
zweite Rate groRer als die erste Rate ist und der
Abstand so gewahlt ist, da die zweite Anord-
nung den Speicher im AbschiuB an das oder kurz
nach dem Schreiben liest.

10. Einrichtung nach Anspruch 7, bei der die

" zweite Leseanordnung den Speicher kurz vor dem

Schreiben liest und eine Schaltvorrichtung ent-
halt, welche auf die Feststellung anspricht, daf
die erste Rate kleiner als die zweite Rate ist, um
den Ausgangs der zweiten Leseanordnung vom
Eingang der Anordnung zum Bestimmen der
Grundperiod zu trennen und gleichzeitig die
Audiosignale dem Eingang der Anordnung zur
Bestimmung der Grundperiode zuzufiihren.

11. Einrichtung nach Anspruch 5, 6, 7, 8 oder 9
mit einer Anordnung, die bestimmt, ob die
Grundperiode sich aullerhaib eines bestimmten
oberen und unteren Grundperiodenwertes befin-
det, und mit einer Anordnung zur Anderung der
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Riickstellung immer dann, wenn die Grundpe-
riode auBerhalb dieser Grenzen liegt.

12. Einrichtung nach Anspruch 11, bei der die
Anordnung zum Andern des Riickstellens

eine Anordnung, die auf die Feststellung
anspricht, daf® die Grundperiode gréfier als der
obere Wert ist, um aus dem Ausgangssignal eine
Folge von Abtastwerten entsprechend einem vor-
gegebenen Wert entfallen zu lassen; und

eine Anordnung, die auf die Feststellung
anspricht, daR® die Grundperiode kleiner als der
untere Wert ist, um aus dem Ausgangsignal eine
Folge von Abtastwerten entsprechend einem
zweiten vorgegebenen Wert entfallen zu lassen,
enthalt.

13. Einrichtung nach Anspruch 12, bei welcher
der zweite vorgegebene Wert als Vielfaches des
vorgegebenen minimalen Grundperiodenwertes
gewadhlt ist.

14. Einrichtung nach Anspruch 11, mit einer
Anordnung zum Speichern des augenblicklichen
Wertes der Grundperiode nur dann, wenn sich
dieser Wert innerhalb der genannten Grenzen
befindet, und eine Anordnung, die auf die Fest-
stellung anspricht, daR® der augenblickliche Wert
der Grundperiode unter dem genannten Mini-
mum oder (iber dem genannten Maximum liegt,
um die Riickstellung so zu steuern, dal sie unge-
fahr gleich der Anzahl der Abtastwerte innerhalb
einer ganzen Mehrzahl des gespeicherten Grund-
periodenwertes liegt.

15. Einrichtung nach Anspruch 5, mit einer
Anordnung zum Steuern des Betrages der Riick-
stellung auf ungefdhr die Anzahl der Abtastwerte
in einem ganzzahligen Vielfachen der zuletzt fest-
gestellten Grundperiode.

16. Einrichtung nach Anspruch 12, 14 oder 15,
bei der die ganze Zahl oder Mehrzahl als Funktion
des Wertes der zuletzt festgestellten Grundpe-
riode und/oder des Verhéltnisses “C"” der durch-
gefiihrten Grundperiodenénderung bestimmt ist.

17. Einrichtung nach Anspruch 5, bei der die
Anordnung zum Bestimmen der Grundperiode
des Ausgangssignales eine Anordnung zum Fest-
stellen des Anfanges einer Grundperiode umfal3t
und

eine Anordnung zum Summieren einer vorge-
gebenen Anzahl von aufeinanderfolgenden
Grundperioden, und

eine Anordnung zum Verwenden der Summe
zum Steuern des Riickstellens so daf3 es ungeféhr
gleich der Anzahl der Abtastwerte innerhalb der
Summe der jlingsten Grundperioden ist, enthélt.

18. Einrichtung nach Anspruch 5, bei der die
Anordnung zum Bestimmen der Grundperiode
des Audiosignales eine Anordnung zum Bestim-
men des Anfanges einer Grundperiode umfaf3t
und enthalt:

eine Anordnung zum Summieren einer oder
mehrerer aufeinanderfolgender Grundperioden;

eine Anordnung zum Uberwachen, ob die
Summe innerhalb einer bestimmten Mindest-
oder Hochstgrenze liegt;

eine aktualisierbare Speichervorrichtung zum
Speichern eines jlingsten Wertes der Summe;
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eine Anordnung, die auf die Feststellung
anspricht, dall die Summe sich innerhalb der
erwahnten Grenzen befindet, um die Summieran-
ordnung erneut in Betrieb zu setzen und die
Summe in der Speichervorrichtung zu speicher,
und

eine Anordnung zur Verwendung der Summe,
die augenblicklich in der Speichervorrichtung
gespeichert ist, um die Rickstellung so zu steu-
ern, daB sie ungefdhr gleich der Anzahl der
Abtastwerte innerhalb der Summe der jlingsten
Grundperioden ist..

19. Einrichtung nach einem der Anspriiche 2
oder 5, bei welcher die zweite Rate kleiner als die
erste Rate ist, und welche eine Anordnung zu
einer solchen Steuerung des Rickstellens enthélt,
daR diese immer dann stattfindet, wenn der
Schreibadressenplatz sich um mehr als die
Anzahl der "aufeinanderfolgenden Abtastwerte
innerhalb der ganzen Anzahl von Grundperioden,
um die der Leseplatz in der Folge nach vorne zu
verschieben ist, vor dem Leseadressenplatz befin-
det.

Revendications

1. Procédé pour modifier la hauteur d'un signal
audio, comprenant les étapes consistant a:

—échantillonner le signal audio a un premier
rhythme et enregistrer des échantillons de signal
consécutifs ainsi obtenus dans une mémoire a
acceés aléatoire;

—Ilire ladite mémoire a une second rhythme
pour récupérer des échantillons mémorisées sous
la forme de signaux de sortie dans le méme ordre
de séquence, le premier rythme et le second
rythme ayant un rapport conforme a la modifica-
tion de hauteur désirée; caractérisé par les étapes
consistant a:

—déterminer la période fondamentale (delta P)

- dudit signal audio;

—ramener {'emplacement de départ de la lec-
ture continue desdits échantillons mémorisés,
depuis ladite mémoire & un emplacement séparé
du dernier emplacement de lecture, par approxi-
mativement le nombre d’'échantillons consecutifs
compris & l'intérieur d’'un nombre entier {n) des-
dites périodes fondamentales (delta P), chaque
fois que les emplacements d’écriture et de lecture
dans ladite mémoire sont séparés par moins
qu’une différence prédéterminée, ledit recalage
étant effectué dans un sens tel que le déplace-
ment dudit emplacement de départ de la lecture
poursuivie ne franchisse jamais ledit emplace-
ment d'écriture;

—utiliser seulement des valeurs déterminées
de deita P qui appartiennent a un intervalle
compris entre un minimum prédéterminé et un
maximum prédéterminé, intervalle qui est défini
comme un intervalle attendu de périodes fonda-
mentales (delta P), et

—modifier la valeur de n en fonction a la fois
dudit rapport du premier rythme au second
rythme et de la longueur de delta P, 1a modifica-
tion ayant lieu en sens descendant pour une
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augmentation de rapport ou une augumentation
de delta P.

2. Appareil de changement de hauteur de
signaux audio, comprenant:

—des moyens (12) pour extraire des échantil-
lons séquentiels desdits signaux audio;

—une mémoire adressable (17);

—des moyens (1) pour enregistrer lesdits
échantillons a un premier rythme dans ladite
mémoire (17) a des fins de mémorisation et
récupération par extraction;

—des moyens (2) pour extraire lesdits échantil-
lons de ladite mémoire (17) & un second rythme
en une séquence ordonnée correspondant aux-
dits échantillons séquentiels;

—des moyens (16) pour utiliser la séquence de
signaux extraits de ladite mémoire pour produire
un signal de sortie;

—des moyens (32, 33, 36) pour déterminer la
période fondamentale (delta P} desdits signaux
audio; caractérisé par:

—des moyens (figure 3B) pour ramener I'em-
placement de départ pour la poursuite de ladite
lecture des échantillons mémorisés de ladite
mémoire (17) & un emplacement séparé du der-
nier emplacement de lecture approximativement
par le nombre d’échantillons consécutifs compris
3 Vintérieur d’'un nombre entier (n) desdites
périodes fondamentales (delta P) chaque fois que
les emplacements d'écriture et de lecture dans
ladite mémoire sont séparée par moins d'une
differénce prédéterminée, ledit recalage étant
effectué dans un sens tel que le déplacement
. dudit emplacement de départ pour la poursuite
de ladite lecture ne franchisse jamais ledit empia-
cement d'écriture; en utilisant seulement des
valeurs déterminées de delta P qui appartiennent
3 un intervalle compris entre un minimum prédé-
terminé et un maximum prédéterming, lequel
intervalle est défini comme un intervalle attendu
de périodes fondamentales (delta P) et

—des moyens (35) pour modifier le valeur de n
en fonction a la fois dudit rapport du premier
rythme au second rythme et de la longueur de
delta P, la modification ayant lieu en sens descen-
dant pour une augmentation du rapport ou de
deita P.

3. Appareil seion la revendication 2, dans lequel
ledit second rythme est supérieur audit premier
rythme, de sorte que 'emplacement de lecture se
rapproche de l'emplacement d'écriture dans
ladite mémoire et ledit recalage fait reculer ledit
emplacement de départ pour ladite lecture pour-
suivie dans ladite séquence, répétant ainsi cer-
tains desdits échantillons dans ledit signal de
sortie.

4. Appareil selon la revendication 2, dans lequel
ledit second rythme este inférieur audit premier
rythme, de sorte que I'emplacement d’écriture se
rapproche dudit emplacement de lecture dans
ladite mémoire, et ledit recalage fait avancer ledit
emplacement de départ pour ladite lecture pour-
suivie dans ladite séquence, ce qui empéche
certains desdits échantillons d‘apparaitre dans
ledit signal de sortie.
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5. Appareil selon la revendication 2, dans lequel
lesdits moyens de recalage de I'adresse de départ
comprennent des moyens (33, 35) pour effectuer
ledit recalage chaque fois que la séparation entre
les emplacements d’adresse d'écriture et de lec-
ture devient inférieure & un minimum prédéter-
miné ou supérieur & un maximum prédétermine,
ledit recalage modifiant ladite séparation de fagon
quelle soit supérieure audit minimum ou infé-
rieure audit maximum.

6. Appareil selon la revendication 5, dans lequel
lesdits signaux audio sont appliqués en tant
qu’entrée auxdits moyens (32, 33, 36) pour déter-
miner la période fondamentale.

7. Appareil selon la revendication 5, compre-
nant de seconds moyens pour lire {esdits échantil-
lons audit premier rythme a un emplacement
d'adresse proche de |'emplacement d’adresse
d'écriture courante, la sortie desdits seconds
moyens étant |'entrée des moyens pour détermi-
ner la période fondamentale.

8. Appareil selon la revendication 7, dans lequel
ledit second rythme est inférieur audit premier
rythme et ladite préparation est choisie de fagon
que lesdits seconds moyens lisent dans la
mémoire juste avant ladite écriture.

9. Appareil selon la revendication 7, dans lequel
ledit second rythme est supérieur audit premier
rythme et ladite séparation est choisie de facon
que lesdits seconds moyens lisent dans ladite
mémoire en contiguité avec ou juste apres ladite
écriture. ) '

10. Appareil selon la revendication 7, dans
lequel lesdits seconds moyens de lecture lisent
dans la mémoire juste avant ladite écriture et en
ce qu‘il comprend des moyens de commutation
réagissant a la détermination que ledit premier
rythme est inférieur audit second rythme en
déconnectant la sortie desdits seconds moyens
de lecture de I'entrée des moyens pour détermi-
ner la période vocale et en transmettant en méme
temps lesdits signaux audio a l'entrée desdits
moyens pour déterminer la période fondamen-
tale.

11. Appareil selon les revendications 5, 6, 7, 8
ou 9 et comprenant des moyens pour déterminer
si ladite période fondamentale est & |'extérieure
des valeurs supérieure et inférieure prédétermi-
nées pour les périodes fondamentales, et des
moyens pour modifier ledit recalage chaque fois
que ladite période fondamentale est a 'extérieur
desdites limites.

12. Appareil selon la revendication 11, dans
lequel lesdits moyens pour modifier ledit recalage
comprennent:

—des moyens réagissant & la détermination
que ladite période fondamentale est supérieure a
ladite valeur supérieure en éliminant de ladite
sortie une séquence d’'échantillons correspondant
3 une valeur prédéterminée; et )

—des moyens réagissant a la détermination
que ladite période fondamentale est inférieure a
ladite valeur inférieure en éliminant dudit signal
de sortie une séquence d’'échantillons correspon-
dant 3 une seconde valeur prédéterminée.
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13. Appareil selon la revendication 12, dans
lequel ladite seconde valeur prédéterminée est
choisie de fagon a étre multiple de ladite valeur de
période fondamentale minimale prédéterminée.

14. Appareil selon la revendication 11 et com-
prenant des moyens pour mémoriser la valeur
courante de ladite période fondamentale seule-
ment si cette valeur est comprise dans lesdites
limites et des moyens réagissant a la détermina-
tion que la valeur courante de ladite période
fondamentale est au-dessous dudit minimum ou
au-dessus dudit maximum en réglant ledit reca-
lage de fagon qu’il soit approximativement du
nombre d’échantillons compris a I'intérieur d'un
multiple entier de ladite valeur de période vocale
mémorisée.

15. Appareil selon la revendication 5, compre-
nant des moyens pour régler le degré dudit
recalage de fagon qu’il soit approximativement
du nombre d'échantillons compris dans un multi-
ple entier de la derniére période fondamentaie
déterminée. )

16. Appareil selon la revendication 12, 14 ou 15,
fondamentale en ce que I'entier pour ledit nom-
bre entier ou multiple est déterminé en fonction
de la valeur de ladite derniére période fondamen-
tale déterminée ou de la proportion “C” de
variation de hauteur effectuée ou des deux.

17. Appareil selon la revendication 5, dans
lequel les moyens pour déterminer la période
fondamentale desdites signaux audio compren-
nent des moyens pour détecter le démarrage
d'une période fondamentale et en ce qu’il com-
prend:

—des moyens pour additionner un nombre
prédéterminé de périodes fondamentales consé-
cutives; et

—des moyens pour utiliser ladite somme pour
régler ledit recalage de fagon qu’il soit approxi-
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mativement du nombre d’échantillons compris
dans ladite somme de périodes fondamentales
récentes.

18. Appareil selon la revendication 5, dans
lequel les moyens pour déterminer la période
fondamentale desdits signaux audio compren-
nent des moyens pour détecter le début d'une
période fondamentale, et en ce qu’il comprend:

—des moyens pour additionner une ou plu-
sieurs périodes fondamentales consécutives;

—des moyens pour contréler si ladite somme
est comprise dans des limites minimale et maxi-
male prédéterminées;

—des moyens de mémorisation pouvant étre
mis a jour pour mémoriser une valeur récente de
ladite somme:

—des moyens réagissent a la détermination
que ladite somme est comprise entre lesdites
limites ou relangant lesdits moyens de somma-
tion et en mémorisant ladite somme dans lesdits
moyens de mémorisation; et

—des moyens pour utiliser la somme mémori-
sée de fagon courante dans lesdits moyens de
mémorisation pour régler ledit recalage de fagon
qu'il soit approximativement du nombre d’échan-
tillons compris dans ladite somme de périodes
fondamentales récentes.

19. Appareil selon l'une quelconque des reven-
dications 2 a 5, dans lequel le second rythme est
inférieur audit premier rythme, en en ce qu’il
comprend des moyens pour régler ledit recalage
de fagon qu’'il ait lieu chaque fois que ledit
emplacement d’adresse d’ecriture précéde ledit
emplacement d’'adresse de lecture de pius que la
nombre d’'échantitlons consécutifs compris dans
le nombre entier de périodes fondamentales
duquel I'emplacement de lecture doit étre avancé
dans ladite séquence.

iy
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