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[57] ABSTRACT

In an electrical system of the type in which a digitally
encoded signal is determined at least in part by the
difference between a present value of an input signal
and a reference signal representative of a past value of
the input signal, improved circuitry for generating the
reference signal. The improved circuitry comprises
extraction means including a filter for extracting from
the pattern of bits in the digitally encoded signal infor-
mation relating to the time derivative of the present
value of the input signal and an envelope detector for
processing the output of the filter to provide a control
signal, and integrating means responsive to the control
signal to provide the reference signal.

28 Claims, 2 Drawing Figures
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1

CIRCUITRY FOR GENERATING REFERENCE
SIGNAL FOR DELTA ENCODING SYSTEMS

Matter enclosed in heavy brackets [ ] appears in the
original patent but forms no part of this reissue specifica-
tion; matter printed in italics indicates the additions made
by reissue.

BACKGROUND OF THE INVENTION

This application is a continuation in part of U.S. Pat.
No. 4,190,801, application Ser. No. 875,336, filed Feb. 6,
1978.

This invention relates to digitally encoding and de-
coding electrical signals, e.g., to efficiently store music
on magnetic tape or to time delay music to simulate
effects of reflected sound.

In a continuously variable slope delta (CVSD) encod-
ing system, the encoded signal represents the slopes of
individual line segments which together approximate
the input signal, and is generated by determining, for
each segment, the difference between the input signal
and a reference signal whose value is determined by the
previous segments of the input signal. In the most rudi-
mentary delta encoding system, the digital output of the
encoder represents, at sequential points in time, whether
the input signal is greater or less than the reference, and
the reference is increased or decreased, at a constant
rate, accordingly. To improve the accuracy of the en-
coding and reduce the quantization noise introduced by
the encoding process, CVSD system increases and de-
creases the reference signal at a variable rate corre-
sponding as closely as possible to the magnitude of the
instantaneous slope of the input signal.

Deschenes et al. U.S. Pat. No. 3,857,111 and McGuf-
fin U.S. Pat. No. 4,071,325 each compute the reference
by integrating an intermediate signal that is produced
by filtering the digital signal. Deschenes et al. rectifies
and filters the digital signal a second time. McGuffin
teaches that the intermediate signal is indicative of the
absolute value of the derivative of the analog signal.

The Harris, Inc., HR-3210 and the Motorola, Inc.,
XC3417/18 modulators/demodulators have syllabic
filters examining the digital output to detect continuous
series of 1's or 0’s, indicating a too great or too small
rate of change of the reference, and modifying that rate
accordingly. In De Boer et al. U.S. Pat. No. 3,490,045,
the digital output is integrated to obtain a voltage repre-
senting the relative occurrence of 1’s and 0’s in the
output and, if the resulting voltage exceeds a threshold,
the rate of change of the reference is changed accord-
ingly. Linder U.S. Pat. No. 3,109,987 and Gaunt U.S.
Pat. No. 3,582,784 show encoders wherein the previous
rate of change of the reference is detected and utilized
to determine the future rate of change.

SUMMARY OF THE INVENTION

Encoding systems of this general type feature a refer-
ence signal generating circuit with a filter for extracting
from the pattern of digital output bits information relat-
ing to the time derivative of the input signal to provide
a control signal for an integrator which, in turn, gener-
ates the reference. As the control signal varies with the
derivative of the input signal, the rate of change of the
reference is greater for more rapidly varying input sig-
nals and less for less rapidly varying input signals, so

15

20

25

30

35

45

50

55

60

65

2

that the reference closely follows the input signal and
the quantization noise is minimized.

My invention features, in one aspect, an envelope
detector used in combination with a filter to provide a
control signal for integration that rises rapidly to follow
increases in the derivative-related output of the filter
but that decays slowly upon decreases in the filter out-
put, thus providing excellent dynamic range while also
making the quantization noise less audible by making
the amplitude of the noise decay slowly.

In another aspect, my invention features supplying
the filter with an input consisting of a small percentage
of the digitally-encoded signal mixed with the control
signal gated by the encoded signal. The mixture pro-
vides excellent response against frequency and ampli-
tude variations in the input signal and improves tracking
between the input and the decoded output at low slew
rates.

Preferred Embodiment

We turn now to description of the circuitry and oper-
ation of a preferred embodiment of the invention, after
first briefly describing the drawings.

DRAWINGS

FIG. 1 is a schematic diagram of a CVSD encoder
embodying the invention.

FIG. 2 is a block diagram of a CVSD decoder em-
bodying the invention.

CIRCUITRY

Referring to FIG. 1, D type flip-flop 10 is connected
to sample output 13 of comparator 12 at a rate con-
trolled by 250 KHz clock 14, to provide mutually in-
verted outputs 16 and 18. Output 18 of flip-flop 10 is
connected to input 60 of lowpass filter 30. Output 16 is
connected to encoded signal output 17 of the encoder
and to differential input 20 of mode select switch 22,
and outputs 16 and 18 are connected to the control
inputs 19 and 21 of integrator switch 24. Output 26 of
switch 24 is connected to (differential)? input 28 of
switch 22, and output 23 of switch 22 is connected to
the series combination of filter 30, envelope detector 32,
switch 34, and differential integrator 34. Output 35 of
integrator 34 and output 37 of audi signal source 36 are
connected to summing point 38 to provide the input to
comparator 12,

Filter 30 is a pi section lowpass filter having a band-
width of 25 KHz, approximately 1.7 times the 15 KHz
bandwidth of the input signal, with resistor 31 assisting
to shape the frequency response of the filter. Envelope
detector 32 is a half wave rectifier having a hold time
constant in the range of 20 to 70 ms, and preferably 60
ms, and a full scale (10 v) slew time of 1667 us. Transis-
tor T1 at the output of op. amp. A2 helps supply current
to charge capacitor C4 to minimize the slew time. Inte-
grator switch 24 is a solid state C-MOS analog switch
containing four independently controlled switches and
shown here in block diagram form to illustrate the oper-
ation of the encoder. Integrator 34 is self-stabilized with
a selectable positive or negative integration slew rate of
0.25 v/us at a maximum control signal of 10 volts and a
slew rate of 2.5 mv/us at a control signal of 0.1 volts,

The following table contains the circuit components
used in the circuit of FIG. 1, and are optimum for the
(differential)2 mode of operation.
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COMPONENT TABLE
RI1I—10K, 5%
R2—10KQ, 5%

R3-—510KQ, 5%
R4—6.8K%, 5%
R5—510Q, 5%
R6—40.2K 1), 1%
R7—40.2K{), 1%
R8—20KQ, 1%
R9—200K 2, 1%
RI10—10KQ, 1%
RII—10KQ, |%
R12—-10KQ, 5%
R13—51041, 5%
R14-3M(, 5%
Resistor 31 (encoder) IMQ, 5%
Resistor 31 (decoder) 2M1Q, carbon resistance potentiomneter
C1—1000 pf, 5%
C2—1000 pf, 5%
C3—10 pf, 10%
C4—3.3 uf, 10%
C5—330 pf, 5%
C6—680 pf, 5%
C7—15 pf, 10%

Al—Operational Amplifier (3) Motorola, Inc.,, MC
1458 or equivalent

A2—Operational Amplifier (3) Motorola, Inc, MC
1458 or equivalent

Comparator 12—National Semiconductor LM3I1 or
equivalent

D2—Diode 1N4148

T1—Transistor 2N2222

Switch 24—C-MOS Quad Analog Switch RCA
CD4016BE or equivalent

Flip-Flop 10—C-MOS Flip-Flop (3) RCA CD4013BE
or equivalent
Referring to FIG. 2, the decoder, shown in block

diagram form, contains the same circuit elements con-

nected in the same manner as the decoder of FIG. 1,

except that comparator 12 and summing point 38 are

omitted and resistor 31 is variable. The encoded signal is

connected to the input of the decoder flip-flop while the

integrator provides the output.

Operation

Referring again to FIG. 1, output 13 of comparator
12 and output 16 of flip-flop 10 are digital signals which
are high when output 37 of audio signal source 36 (the
input signal) is greater than reference signal output 35 of
integrator 34 and low when the input signal is smaller
than the reference. The value of the reference is deter-
mined by the previous values of the input signal so that
output 16 represents the difference between the present
and previous values of the input signal. The change
with time, i.e., duty cycle, of output 16 represents the
derivative (with respect to time) of the input signal.
That is, when the digitally encoded signal on output 16
has a preponderance of 1's {a high duty cycle), the
derivative is high; when the encoded signal has a pre-
ponderance of 0's (a low duty cycle), the derivative is
low.

When the encoder is operating in the differential
mode, with switch 22 in the A position, output 16 is ac
coupled into the input of filter 30, and the filter 30 ex-
tracts the information relating to the derivative of the
input signal by separating the fundamental frequency of
the duty cycle of output 16 from the other frequencies
present in output 16, e.g., clock 14 and the higher har-
monics of output 16. For example, a preponderance of
I's in output 16, corresponding to a high derivative,
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produces a high positive filter output. Resistor 31 assists
in shaping the response of filter 30 and detector 32 by
loading the input of detector 32 with a known, fixed
resistance. Resistor 31 in the decoder performs the same
function but is a variable resistor with a mid-range value
equal to resistor 31 in the encoder, to allow the response
of the decoder to be matched to that of the encoder. In
the embodiment shown, the encoder and decoder may
be matched to within +0.5 db. Input 60 to filter 30 is
best disconnected in the differential mode.

Envelope detector 32 half-wave detects the output of
filter 30 to generate output 33 whose value is propor-
tional to the duty cycle of output 16 and thereby to the
derivative of the input signal. Referring to FIG. 1, ca-
pacitor C4 provides the above-mentioned hold time
constant, and, as can be readily seen from the circuit,
output 33 closely follows filter output 61 when it rises
above the present value of output 33, limited only by the
rate at which op. amp. A2 and transistor T1 can charge
capacitor C4. Conversely, output 33 decays slowly
when the filter output 61 drops, limited by the discharge
rate of capacitor C4. Thus, because the envelope detec-
tor allows output 33 to rise rapidly but decay slowly,
the slopes of the individual segments of reference out-
put 35 (and the decoded output) increase rapidly to
track rapid increases in the input, but decrease slowly,
thus making the guantization noise decay slowly and
appear as steady, and less audible, background noise.
The reference output 35 continues to follow the input
signal during both increases and decreases, but along a
decreasing portion of the input the reference output will
for a short interval (about 60 ms) contain more than the
usual quantization noise (i.e., more of a sawtooth ap-
pearance). Maintaining the segment slopes at a high
level for this short interval means the input is less accu-
rately encoded and that more quantization noise is pro-
duced, but the slow change in the amplitude of the noise
makes the noise less audible than if the segment slopes
decreased rapidly to accurately encode the input.

Standby reference input 40 to detector 32 is provided
to provide a known offset for the detector when the
input signal, and hence the output of filter 30, are zero,
and may typically be as low as —40 db (i.e., about 0.1 v)
referenced to the maximum output of filter 30.

Integrator switch 24, operating under the control of
inputs 19 and 21 from outputs 16 and 18, applies output
33 of detector 32 to inputs 42 and 44 of integrator 34
when, respectively, the input signal is greater than or
less than the reference. Reference output 33 of integra-
tor 34 increases at a rate proportional to the value of
output 33 of detector 32, and thus to the derivative of
the input signal, when detector output 33 is applied to
input 42 and decreases accordingly when detector out-
put 33 is applied to input 44. Inputs 42 and 44 are con-
nected by switch 24, to, respectively, output 46 of inte-
grator 34 and ground when they are not switched to
detector output 33, thereby making integrator 34 self-
stabilizing by chopping inputs 42 and 44 with outputs 16
and 18.

Reference output 35 of integrator 34 is the integrated
derivative of the input signal and thereby closely fol-
lows the input signal by being a reconstruction of the
input signal delayed in time by the period of clock 14.

The dynamic range of the encoder and decoder,
when operating in the different mode, is on the order of
60 to 70 db when the frequency of clock 14 is at least 10
times, and preferably between 15 and 25 times, the high-
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est input signal frequency; and is frequency weighted by
the ratio between the bandwidths of output 16 and out-
put 37 of signal source 36.

The dynamic range of the encoder and decoder are
further improved when operating in the preferred (dif-
ferential)2 mode. Dynamic ranges of better than 85 db
may be achieved when the frequency of clock 14 is at
least 15 times the highest input signal frequency, and to
better than 90 db when the ratio is as high as 25to 1. In
this mode, switch 22 is placed in the B position, so that
the input of filter 30 is output 26 of switch 24. The
operation of switch 24 is controlled by outputs 16 and
18 of flip-flop 10, so that the input to filter 30 is the
control signal modulated by the encoded signal, being a
series of pulses which are time coincident with outputs
16 and 18, but, effectively, amplitude modulated by
output 33 of detector 32, i.e., proportional to the deriva-
tive of the input signal. Future values of control signal
output 33 are thereby determined, in part, by the pres-
ent value of output 33 so that output 33 changes rapidly
when the derivative of the input signal is large, ie.,
when the input signal is changing rapidly, and changes
less rapidly when the derivative is small. The forward
loop gain in this mode is of course greater than one and
less than two for operability, and is preferably 1.1. Loop
gain is measured between output 26 and the input to
filter 30.

Input 60 to the filter mixes in a small proportion of
straight digital signal as well, to assure that the decoded
output tracks the input at low slew rates. Such a small
amount of straight digital signal detracts very little from
the excellent dynamic range in differential-squared
mode. At low slew rates, the control signal can be as
low as 0.1 v, the value of standby reference input 40.
With such a low value as the only input to filter 30,
differences in component tolerances between the de-
coding circuitry (e.g., in blocks 30,32,24 and 34) in the
encoder and decoder can cause the decoder output to
poorly track the input. With input 60 also connected to
filter 30, output 18 is a sizeable fraction of the input to
filter 30 at low slew rates because output 18 is about 15
v peak-to-peak as compared to only about 0.1 v peak-to-
peak for the modulated control signal. The large frac-
tion of straight digital signal is sufficient to improve
tracking between the control signals in the encoder and
decoder and thus to improve tracking between the de-
coder output and the input signal. At high slew rates,
the control signal rises to as high as about 10 v and is the
dominant input to filter 30, thereby providing the im-
proved dynamic range of the (differential)?2 mode.

Referring to FIG. 2, an encoded signal from source
48 is applied to the input of decoder flip-flop 10 and is
sampled at the same clock rate as in the encoder, so that
outputs 16 and 18 of the decoder flip-flop are the same
as those in the encoder. Audio filter 30, detector 32,
switch 24, and integrator 34 generate reference signal
output 35 in the same manner as, and identical to, that
generated by the encoder (except for the small compo-
nent tolerances discussed above). The integrator output
is the decoder output and (as is the encoder reference
signal) is an accurate reconstruction of the encoder
input signal, tracking the encoder input to within 0.5
db.

Other embodiments are within the following claims.
E.g., while the embodiment of the invention described
above relates to a CVSD system, the invention may be
used in other encoding and decoding systems wherein
the encoded signal represents the difference between a
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present value of the input signal and previous values of
the input signal. Examples of such systems are voltage
to frequency modulators, pulse width modulators, delta
sigma modulators, and some differential pulse code
modulators.

What is claimed is:

1. In an electrical system of the type in which a digi-
tally encoded signal is determined at least in part by the
difference between a present value of an input signal
and a reference signal representative of a past value of
said input signal, improved circuitry for generating said
reference signal, comprising extraction means for ex-
tracting from the pattern of bits in said digitally en-
coded signal information relating to the time derivative
of said present value to provide a corresponding control
signal, said extraction means including a filter, and [an
envelope detector} means for providing a control signal
that rises, to follow increases in said derivative, and decays
more slowly than it rises upon decreases in said derivative,
said control signal from said extraction means being
fed to a digital-signal-generating means, which comprises
an integrating means, said integrating means being re-
sponsive to said [control] digitally encoded signal to
provide said reference signal.

2. The system of claim 1 wherein said integrating
means is comprised of integrating circuitry responsive
to said control signal for providing said reference sig-
nal, and switching means for selecting the direction of
change of said reference signal.

3. The system of claim 1 wherein said integrating
means comprises integrating circuitry to provide said
reference signal, said integrating circuitry having posi-
tive and negative slope control inputs controlling the
direction and rate of change of said reference signal,
and switching means is provided for selectively provid-
ing said control signal to said slope control inputs.

4. The system of claim 3 wherein said switching
means is responsive to said encoded signal to increase or
decrease said reference according to said difference
between said present value and said past value.

5. The system of claim 1 further comprising modulat-
ing means for feeding back to an input of said filter a
modulated signal comprising said control signal modu-
lated by said encoded signal.

6. The system of claim 5 wherein said modulating
means further comprises a selection means for selecting
said input to said filter to be said modulated signal or
said encoded signal.

7. The system of claim 1 wherein said extracting
means further comprises a standby voltage source pro-
viding an offset to provide said control signal when said
input signal is zero.

8. The system of claim 1 further comprising sampling
means for providing said encoded signal, said sampling
means being responsive to said input signal and said
reference signal, and clock means for controlling said
sampling means.

9. The system of claim 1 wherein said integrating
means further comprises

integrating circuitry to provide said reference signal,

said integrating circuit having positive and nega-
tive slope control inputs controlling the direc-
tion and rate of change of said reference signal,
and

switching means being provided for selectively
applying said control signal to said slope control
inputs,
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said switching means being responsive to said
encoded signal to increase or decrease said
reference signal according to said difference
between said present and past values of said
input signal, and

said extracting means further comprises

modulating means for providing a modulated sig-
nal to be fed back to said input of said filter,
said modulating means being responsive to said
encoded signal in the manner that said modu-
lated signal comprises said encoded amplitude
modulated by said control signal, and
a standby voltage sources providing an offset to
provide a control signal when said input signal is
zero, and

said circuitry further comprises

sampling means for providing said encoded signal,

said sampling means responsive to said input
signal and said reference signal, and

clock means for controlling said sampling means.

10. The system of claim 9 wherein said clock means
provides a clock output at least ten times the highest
frequency of said input signal, and said filter is a low
pass filter having an upper roll-off frequency of at least
said highest frequency of said input signal, said enve-
lope detector has a gain in a range of at least | and a
hold time constant of at least the period of the lowest
frequency of said input signal, and said integrating cir-
cuitry has a slew rate at the maximum value of said
control signal of no more than 3 times the period of said
highest frequency, said maximum value being at least
the maximum amplitude of said input signal.

11. The system of claim 9 wherein said input signal
has a maximum frequency of 22 KHz, said lowest fre-
quency of 20 Hz, and said maximum amplitude of 10
volts, said clock output is at least 250 KHz, said upper
roll-off frequency of said filter is at least 24 KHz, said
detector has a hold time constant of at least 50 ms and a
gain of at least 1.2, the maximum value of said reference
is at least 10 volts, and said integrating circuitry has a
slew rate of at least 0.25 v/us at said maximum control
signal value and a slew rate of at least 2.5 mv/us for a
value of said control signal of at least 0.1 volts.

12. The system of claim 8 wherein said clock means
provides a clock output at least 10 times the highest
frequency of said input signal.

13. The system of claim 12 wherein said clock output
is at least 15 times the highest frequency of said input
signal.

14. The system of claim 1 wherein the maximum
value of said reference is at least the maximum ampli-
tude of said input signal.

15. The system of claim 1 wherein the slew rate of
said reference at the maximum value of said control
signal is no greater than 3 times the period of the highest
frequency of said input signal.

16. The system of claim 12 wherein said highest input
frequency is 25 KHz.
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17. The system of claim 13 wherein said highest input
frequency is 25 KHz.

18. The system of claim 1 wherein said highest input
frequency is 25 KHz.

19. The system of claim 1 wherein said period of said
lowest input frequency is 50 ms.

20. The system of claim 14 wherein said maximum
input signal amplitude is 10 volts.

21. The system of claim 15 wherein said period of said
highest input frequency is 40 psec.

22. The circuitry of claim 1 wherein said electrical
system is a continuously variable slope delta system.

23. In an electrical system of the type in which a
digitally encoded signal is determined at least in part by
the difference between a present value of an input signal
and a reference signal representative of a past value of
said input signal, improved circuitry for generating said
reference signal, comprising

extraction means including a filter for extracting from

the pattern of bits in said digitally encoded signal
information relating to the time derivative of said
present value to provide a corresponding control
signal,

integrating means responsive to said control signal to

provide said reference signal,

modulating means for feeding back to an input of said

filter a modulated signal comprising said control
signal modulated by said encoded signal, and
means for providing as an input to said filter a mixture
of said modulated signal and said digitally encoded
signal, said mixture being selected to provide track-
ing at low slew rates between said input and the
decoded output while maintaining dynamic range.

24. The system of claim 23 wherein said digitally
encoded signal is from 0.03 to 3.0 percent of said mix-
ture.

25. The system of claim 5 wherein said modulating
means has a forward loop gain greater than unity, said
loop gain being measured between the input to said
filter and the point at which said control signal is fed
back to said filter.

26. The electrical system of claim 1 wherein said filter
has a cutoff frequency selected to be at least the highest
frequency of the input signal.

[27. The electrical system of claim 1 wherein said
envelope detector includes means producing a rectified
control signal that rises rapidly, to follow increases in
the filter output, and decays more slowly than it rises
upon decreases in the filter output.]

28. The system of claim [27] I wherein the speed of
decay of said means [producing a rectified] for provid-
ing a control signal is determined by a hold time con-
stant that is selected to be long enough to make quanti-
zation noise less audible.

29. The electrical system of claim 28 wherein said
hold time constant is selected to be longer than the

period of the lowest frequency of the input signal.
* * * * *



