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ABSTRACT OF THE DESCLOSURE 
Signal compressor or expander action is obtained by 

passing the signal through a main path which provides 
an undistorted signal. A further path is tapped off the 
main path and amplifies and limits the signal. The output 
of the further path is used to boost or buck the signal in 
the main path to obtain compressor or expander action. 
This action takes place in a restricted frequency band de 
fined by a variable filter in the further path, this filter 
being responsive to the output of the further path to 
narrow the pass band when this output increases. The filter 
comprises two filters in cascade-a fixed value filter and a 
variable filter which includes a voltage-controlled variable 
resistance. The two filters can be simple RC filters but in 
combination they give a 12 db./octave cut-off which is 
important in avoiding noise modulation effects. Various 
advantages filter configurations are disclosed. 

INTRODUCTION 
This invention relates to signal compressors and ex 

panders such as are disclosed in the specification of my 
co-pending applications Ser. No. 569,615 and a continua 
tion-in-part thereof, Ser. No. 789,703. The invention is 
applicable to both Type I and Type II devices, as defined 
in Ser. No. 789,703 and concerns further improvements 
in devices of the nature disclosed in FIG. 11 of Ser. No. 
569,615 and FIG. 23 of Ser. No. 789,703. 
The main characteristic of all the devices described 

in both the abovementioned specifications is that no at 
tempt is made to establish the required compression or 
expansion law by operating upon the whole dynamic range 
of the signal. Rather a main, straight-through signal path 
is provided, through which signals, and in particular high 
level signals, can pass undistorted. With these signals is 
combined the output of a further path, which can take its 
input either from the input to or the output from the 
device. This output, at low signal levels, either boosts or 
bucks the main signal to provide compression or expan 
sion, respectively. However, the further path includes a 
limiter so that, at higher signal levels, the output of this 
path is negligible compared with the main signal, result 
ing in minimal boosting or bucking. In this way, a com 
pression or expansion characteristic is derived with sub 
stantial avoidance of the severe problems inherent in pre 
viously known devices which operate on the whole signal 
in accordance with a non-linear law. It is particularly 
important that compressors and expanders according to 
the invention can be made truly complementary, so that 
a complete noise reduction system can be provided which 
does not itself introduce distortion. 
For convenience, idealised block diagrams of Type I 

and Type II devices are shown in FIGS. 1 and 2 of the 
accompanying drawings. 

It is well known that noise reduction is desirably ef. 
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fected selectively throughout a signal band, e.g. an audio 
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band, usually in an upper band and/or a lower band of 
the overal signal band. The aforementioned FIG. 11 con 
cerns the use of a further path with a variable cut-off filter 
which restricts the compression or expansion to an ex 
treme (i.e. high pass or low pass) band of the signal band. 
As the output amplitude of the signal passed by the filter 
increases, the cut-off frequency is automatically shifted 
nearer to the relevant extreme of the signal band; the pass 
band of the filter is thereby narrowed, so allowing noise 
reduction still to take place within this narrowed band 
without being influenced by the larger amplitude signals 
excluded by the shift of the filter cut-off frequency. 

THE INVENTION 

The present invention is concerned with an improved 
filter configuration in the further path enabling suitable 
variable cut-off characteristics to be obtained while re 
quiring only a single voltage controlled variable resist 
ance device for varying the cut-off frequency. 
The present invention provides a signal compressor or 

expander comprising a straight-through signal path and 
means for combining with the signals therein, so as either 
to boost or buck such signals, the output signal of a 
further path which takes its input either from the input to 
or the output from the compressor or expander and which 
includes both means for limiting the amplitude of the 
said output signal and a variable cut-off filter for re 
stricting signals passing through the further path to a 
restricted band extending to one limit of the overall signal 
band, the variable filter being responsive to the amplitude 
of the output thereof to shift the cut-off frequency nearer 
to the said one limit of the signal band as the said am 
plitude increases, the filter configuration comprising two 
filters in cascade, namely a first filter comprising fixed 
value components and a second filter with a variable cut 
off frequency which, under quiescent conditions, lies fur 
ther from the said one limit than the cut-off frequency of 
the first filter, the second filter including a voltage con 
trolled variable resistance device responsive to the said 
amplitude to vary the parameters of the filter and shift the 
variable cut-off frequency towards the said one limit. 
The variable resistance device is preferably a field 

effect transistor. 
The advantages of the invention will become clear in 

the following description of detailed embodiments of a 
compressor and an expander. These embodiments are 
Type I devices, but essentially the same circuitry could 
be employed in the different configurations appropriate 
to Type II devices. These embodiments are designed for 
operation at the upper end only of the audio signal band, 
as they are intended for use in conjunction with domes 
tic tape recorders. Thus the said one limit of the signal 
band is the upper limit of the band. The invention could 
equally well be employed at the lower end of the audio 
band (the relevant said one limit being the lower limit of 
the band) in which case the high pass filters hereinafter 
described would have to become low-pass filters (with ap 
propriate redesign of the circuit throughout). The inven 
tion is furthermore not limited to audio applications, and 
it will be appreciated that the following description is 
throughout by way of example. 

THE DRAWINGS 
FIGS. 1 and 2 are the aforementioned diagrams of 

Type I and II devices, 
FIG. 3 is a more detailed block diagram of a Type I 

sliding band compressor, 
FIG. 4 is a circuit diagram of a compressor embodying 

the present invention, 
FIG. 5 is a circuit diagram of a complementary ex 

pander, 
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FIG. 6 is a partial circuit diagram of a switched com 
pressor/expander, 

FIG. 7 shows a simple passive equalizing network, 
FIGS. 8 and 9 show characteristic curves of the com 

pressor, 
FIG. 10 is a circuit diagram of an improved filter/ 

limiter, and 
FIGS. 11 to 13 show characteristic curves relating to 

the embodiment of FIG. 10. 
BACKGROUND 

FIGS. 1, 2 and 3 all relate generically to the improve 
ments in the previously mentioned specification as well 
as to the present invention. FIGS. 1 and 2 have already 
been described. FIG. 3 shows a Type I sliding band com 
pressor in more detail; the expander and Type II variants 
will be apparent from FIGS. 1 and 2. 

In FIG. 3 the input signal applied to a terminal 1 
passes through a resistor 2, constituting the main path, 
to be summed at an output terminal 3 with the signal from 
the further path provided through a resistor 2a. The 
further path comprises a filter/limiter 4 with input A 
and output B, followed by an amplifier 5 and clipper 6, 
which eliminates any transient overshoots remaining in 
the signal passed by the essentially syllabic limiter 4. The 
syllabic action is obtained by applying a smoothed con 
trol signal to a control terminal C of the filter/limiter 4, 
This control signal is derived from the output and/or 
input of the further path (lines 7 and 8 of which only 
one need be provided) via an amplifier 9, rectifier 11 
and smoothing circuit 13. A filter 8a may also be provided 
in line 8. When the control signal increases in amplitude, 
it narrows the pass band of the filter/limiter 4. 
A Compressor Embodying the Present Invention 
The circuit of FIG. 4 is specifically designed for in 

corporation in the record channel of a domestic tape re 
corder, two such circuits being required for a stereo re 
corder. The input signal is applied at terminal 10 to an 
emitter follower stage 12 which provides a low impedance 
signal. This signal is applied firstly through a main, 
straight-through path constituted by a resistor 14 to an 
output terminal 16 and secondly through a further path 
the last element of which is a resistor 18 also connected 
to the terminal 16. The resistors 14 and 18 add the out 
puts of the main and further paths to provide the re 
quired compression law. 
The further path consists of a fixed filter 20, a variable 

cut-off filter 22 including a FET 24 (these constituting 
the filter/limiter), and an amplifier 26 the output of which 
is coupled to a double diode limiter or clipper 28 and 
to the resistor 18. The amplifier 26 increases the signal 
in the further path to a level such that the knee in the 
characteristic of the limiter 28, comprising silicon diodes, 
is effective at the appropriate signal level under transient 
conditions. The resistors 14 and 18 are so proportioned 
that the required compensating degree of attenuation is 
then provided for the signal in the further path. 
The output of the amplifier 26 is also coupled to an 

amplifier 30 the output of which is rectified by a ger 
manium diode 31 and integrated by a smoothing filter 
32 to provide the control voltage for the FET 24. The 
points A, B and C are marked in correspondence with 
FIG. 3. 

The Filter/Limiter 

Two simple RC filters are used, though equivalent LC 
or LCR filters could be used. The fixed filter 20 provides 
a cut-off frequency of 1700 Hz, below which dimin 
ishing compression takes place. The filter 22 comprises 
a series capacitor 34 and shunt resistor 36 followed by 
a series resistor 38 and the FET 24, with its source-drain 
path connected as a shunt resistor. Under quiescent con 
ditions with zero signal on the gate of the FET 24, the 
FET is pinched off and presents substantially infinite im 
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4 
pedance; the presence of the resistor. 38 can then be 
ignored. The cut-off frequency of the filter 22 is thus 
800 Hz, which it will be noted is substantially below 
the cut-off frequency of the fixed filter 20. 
When the signal on the gate increases sufficiently for 

the resistance of the FET to fall to less than say 1 K, 
the resistor 38 effectively shunts the resistor 36 and the 
cut-off frequency rises to 3500 Hz, markedly narrowing 
the pass band of the filter. The rise in cut-off frequency 
is of course a progressive action. 
The use of a FET is convenient because, within a suit 

ably restricted range of signal amplitudes, such a device 
acts substantially as a linear resistor (or either polarity 
signal), the value of which is determined by the control 
Voltage on the gate. 
The use of two cascaded filters (12 db./octave) is 

important because this results in less noise modulation 
than a simple one-stage variable cut-off frequency filter 
(6 db./octave). However, the phase delay, varying as a 
function of frequency, produced by two filters in cascade 
is Such as to give a compression versus frequency char 
acteristic as is illustrated in FIG. 8 by curve 40 for an 
input signal 44 db.down on a peak input taken as 0 db. 
rather than the desired shape of curve 42. By putting the 
quiescent cut-off of the filter 22 well below that of the 
filter 20 it is possible to achieve a compromise such as 
curve 44, which is based on an actual measurement and 
in which the high frequency end is about 10 db. up on 
the low frequency end. Curves for inputs at -16 d.b., 
-10 db., and 0 db. are also shown to illustrate how the 
compression action is progressively lessened as the input 
amplitude increases and the band of the filter 22 narrows. 
In the drawing shown, the curves are closed together 
in the vertical scale more than they are in actuality. 
The variable band action is illustrated more clearly 

by the curves of FIG. 9, which show the results of putting 
a strong (0 db.) signal at a fixed frequency on the input 
terminal 10 and Superimposing a weak (-41 db.) signal 
which is swept through the whole frequency spectrum. 
The output on terminal 16 at the frequency of the weak 
signal is detected by a wave analyser and naturally ex 
hibits a strong signal at the frequency of the fixed fre 
quency strong input and also exhibits the high frequency 
lift provided by the compression action. It can be clearly 
seen how the increasing frequency of the strong signal 
(200 Hz, 400 Hz., 700 Hz, 1 kHz, 2 kHz.) gradually 
narrows the band within which compression takes place. 

Returning to the description of FIG. 4, the resistor 36 
and FET 24 are returned to an adjustable tap 46 in a 
potential divider which includes a temperature compen 
Sating germanium diode 48. The tap 46 enables the com 
pression threshold of the filter 22 to be adjusted. 

Amplifier and Limiter 
The amplifier 26 comprises complementary transistors 

giving high input impedance and low output impedance. 
Since the amplifier drives the diode limiter 28, a finite 
output impedance is required and is provided by a cou 
pling resistor 50. The diodes 28 are, as already noted, 
silicon diodes and have a sharp knee around a volt. 
The signal on the limiter and hence on the resistor 

18 can be shorted to ground by a switch 53 when it is 
required to Switch the compressor out of action. 

Control Amplifier and Smoothing Filter 
The amplifier 30 is an inpn transistor with an emitter 

time constant network 52 giving increased gain at high 
frequencies. Strong high frequencies (e.g. a cymbal crash) 
Will therefore lead to rapid narrowing of the band in which 
compression takes place, so as to avoid signal distortion. 
The amplifier is coupled to the smoothing filter 32 

through the rectifying diode 31. The filter comprises a 
series resistor 54 and shunt capacitor 56. The resistor 54 
is shunted by a silicon diode 58 which allows rapid charg 
ing of the capacitor 56 for fast attack, coupled with 
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good smoothing under steady-state conditions. The volt 
age on capacitor 56 is applied directly to the gate of the 
FET 24. 

The Complementary Expander 
A complete circuit diagram is provided in FIG. 5, but 

a full description is not required as substantially all the 
circuit is identical to FIG. 4; component values are there 
fore not for the most part shown in FIG. 5. The character 
istic curves, although not shown, are complementary to 
those of FIG. 8. 
The differences between FIGS. 4 and 5 are as follows: 
In FIG. 5 the further path derives its input from the 

output terminal 16a, the amplifier 26a is inverting, and 
the signals combined by the resistors 14 and 18 are ap 
plied to the input (base) of the emitter follower 12, the 
output (emitter) of which is coupled to the terminal 16a. 
To ensure low driving impedance, the input terminal 10a is 
coupled to the resistor 14 through an emitter follower 
60. Suitable measures must be taken to prevent bias 
getting into the expander. 
The amplifier 26a is rendered inverting by taking the 

output from the emitter, instead of the collector, of the 
second (pnp) transistor. This alteration involves shifting 
the 10 K resistor 62 (FIG. 4) from the collector to the 
emitter (FIG. 5), which automatically gives a suitable 
output imperance for driving the limiter. The resistor 
50 is therefore omitted in FIG. 5. 

It should be noted that it is important in aligning a con 
plete noise reduction system to have equal signal levels 
on the emitters of the transistors 12 in both compressor 
and expander. Metering terminals M are shown connected 
to these emitters. 

Switched Compressor/Expander 
In a high quality tape recorder, a separate compressor 

and expander can be provided in the record and playback 
channels respectively. However, a more economical prop 
osition is to utilize a single compressor/expander with 
a mode switch for selecting the compressor or expander 
configuration. The further path for this compressor/ex 
pander can be as shown in FIG. 5-i.e. everything to the 
right of the points X and Y in FIG. 5 is used unchanged, 
but the circuitry to the left of points X and Y is changed 
as shown in FIG. 6. 

In FIG. 6 the input signal on terminal 10b is applied 
to a first emitter follower stage 70, the output of which is 
applied through a resistor 72 to another emitter follower 
stage 74 (corresponding to the stage 12 of FIGS. 4 and 
5). The emitter of this stage is connected to the point X 
to provide the non-inverted input to the further path. It 
will be recalled from the description of FIG. 5 that, in this 
embodiment, the further path effects inversion. Accord 
ingly the signal received at the point Y, and applied in 
the record mode by a mode switch 76 to the output ter 
minal 16b through the resistor 18, is an inverted signal. 
To obtain compressor action, the main path must also 
effect inversion, which is achieved by means of a further 
transistor 78 with its base driven from the emitter fol 
lower 74. The main path signal is taken from a collector 
load resistor 80. 

In the playback (i.e. expander) configuration, the sig 
nal from the further path is applied by the switch 76 to the 
base of the emitter follower 74, i.e. before the inverter 
stage 78. The signal from the further path therefore com 
bines subtractively with the signal in the main path to 
give expander action. 

Simple Equalization 
The compressor and expander are provided for incor 

poration in a high quality tape recorder, permitting the 
user thereof to record and replay his own tapes with 
noise reduction. Such a tape recorder can obviously also 
play back pre-recorded tapes which have been recorded 
using the compressor of FIG. 4 or a compressor with like 
characteristics. In order to make it possible for such tapes 
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6 
to be marketed for universal consumption it is desirable 
to provide a cheaper means of equalizing the signal for 
incorporation in less expensive recorders. Only by the use 
of a complementary expander can an undistorted signal 
be recovered but, to the uncritical ear, the only notice 
able defect in the compressed signal is an undue emphasis 
of high frequencies. This emphasis can be approximately 
corrected by a simple, passive, treble cut circuit (which 
acts upon the whole signal). One suitable circuit is illus 
trated in FIG. 7, the component values being suitable for 
equalizing a signal recorded through the compressor of 
FIG. 4. 

Further Improvement of the Filter/Limiter 
In the simplified audio noise reduction system as so 

far described, it has been pointed out that the filter/ 
limiter circuit used represents a compromise. For best 
noise reduction results, especially with regard to noise 
modulation effects, it is necessary to use a further path fil 
ter which has an attenuation rate of at least 12 db. per oc 
tave. The high-pass filter required for hiss reduction is con 
veniently obtained by the use of the two-section cascaded 
RC network. The last capacitor is paralled by the FET 24 
which can shift the cut-off frequency of the last section 
upwards to effect limiting of the signal. 

Unfortunately, the phase shift produced by the two 
Section filter results in a mid-band dip in the compressor 
frequency response. The disadvantages or inconveniences 
of the dip include an increase in noise level in the few 
hundred hertz region (as opposed to noise reduction) and 
a disparity in signal level (about 1 db.) in the 1 kHz, re 
gion at high levels when the further path component is 
Switched on and off (noise reduction on-off). An im 
proved filter/limiter circuit is now described which over 
comes the mid-band dip problem and also results in other 
advantages, notably in decreased dynamic and frequency 
response errors under conditions of imperfect compressor 
and expander matching. 

FIG. 10 shows the improved circuit, for replacing the 
circuit between points A, B and C in FIGS. 4 and 5. 
When the FET 24 is pinched off, the second RC network 
22 is inoperative, and the first RC network 20 then con 
trols the response of the further path. The improved cir 
cuit combines the phase advantages of having only a sin 
gle RC Section under quiescent conditions with the 12 db. 
per octave attenuation characteristics of a two-section 
RC filter under signal conditions. 

In the practical circuit, using MPF 104 FET's, the 39 
K resistor 36a is necessary in order to provide a finite 
source impedance to work into the FET. In this way the 
compression ratio (decibel changes in the input divided 
by decibel changes in the compressor output) at all 
frequencies and levels is held to a maximum of about 2. 
The 39 K resistor 36a serves the same compression ratio 
limiting function in the improved circuit as the resistor 
36 in the circuit of FIG. 4 or FIG. 5. In addition this 
resistor provides a low frequency path for the signal. 

FIG. 11 is a chart recording of the input-output re 
sponse of the compressor as a function of frequency using 
the improved filter/limiter of FIG. 10 and the values 47 
ohms and 0.1 uf. in the emitter time-constant circuit 52 
of the control amplifier, instead of the values of 220 ohms 
and 0.15 af. shown in FIG. 4. FIG, 12 is a plot of the 
response of the circuit below the compression threshold; 
the expander response is also shown. 

It can be seen that with the circuit of FIG. 10 the 
mid-band dip of FIG. 8 is absent. The tendency for the 
noise reduction system to increase the noise level in the 
region of the dip is eliminated, and an improved overall 
noise reduction effect is thereby achieved. The elimina 
tion of the dip at high levels should also be noted. Thus, 
when the noise reduction action is switched on and off, 
there will be no change in level and therefore no am 
biguities in measuring or specifying levels for standardi 
zation purposes. The high-level dip elimination is brought 
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about by the favourable phase characteristics of the im 
proved circuit under high compression conditions, no 
tably by the provision of a low and mid-frequency path 
by the resistor 36a. By adjusting the value of the 39 K 
resistor 36a in the second RC network 22 it is possible 
to achieve either a dip or a hump in the mid-frequency 
region. 
A further aspect of the improved circuit of FIG. 10 

is that it is possible to achieve greater effective limiting 
of the further path component at high frequencies with 
out adversely affecting the matching characteristics. The 
improved performance is brought about by the leading 
phase shift introduced at high frequencies by the fully 
sliding band circuit. In addition, the gain of the control 
amplifier is increased at high frequencies. The reduction 
in threshold and the increased compression at high fre 
quencies can be seen in FIG. 11. The characteristics 
shown result in minimal possibility of tape overload at 
short wavelengths, although the limiting threshold level 
is progressively increased with decreasing frequency in 
order to reduce noise modulation effects. 
A further aspect of the improved circuit also concerns 

noise modulation effects. In the circuit of FIG. 4, the vari 
able band action changes to normal compression when 
the FET resistance decreases below that of the 10 K re 
sistor 38 in series with the FET. The highest turnover 
frequency of the variable filter is high enough to provide 
acceptably low noise modulation effects under nomral 
tape recording noise levels. Cassettes, however, have very 
high noise levels and it has been found best to eliminate 
the 10 K resistor 38 and to depend solely on the sliding 
band action to effect limiting. The further path then has 
better high frequency transmission in the presence of high 
amplitude, lower frequency signals (which necessarily 
cause the circuit to operate). 
The variable band action of the improved circuit can 

be seen in FIG. 13, which is produced in the same manner 
as FIG. 9 by plotting the compressor frequency response 
by means of a low-level probe tone (the level of which 
is below the compressor threshold) in the presence of a 
high-level signal; the probe is detected at the compressor 
output by means of a tracking filter. The high-level signal 
causes the compressor circuitry to operate, the graph 
showing the effect on the turnover frequency of the filter. 
It can be seen that the variable band circuitry, particul 
larly if using the fully sliding configuration, will provide 
a significant reduction of high frequency noise under 
signal conditions. FIGS. 11, 12 and 13 are all taken from 
actual chart recordings obtained from the improved cir 
cuit of FIG. 10. 
A correctly adjusted compressor and expander pair 

should match at all levels and frequencies to within about 
1 db.; experimental results have shown this to be at 

tainable at all signal levels. In practice it is important that 
the errors produced under mismatch conditions should 
not noticeably affect the quality of reproduction. The 
errors produced by the improved filter/limiter circuit of 
FIG. 10 are less than in the circuit of FIG. 4. It has been 
shown experimentally that a 2 db. gain or loss between 
the compressor and expander results in errors such that 
the change in response as a function of frequency reaches 
a maximum rate of only about 2-3 db. per octave, which 
is low enough to avoid introducing any significant colour 
ation into the reproduced signal. 

I claim: 
1. A signal processing system for producing an output 

signal in response to an input signal comprising a main sig 
nal path responsive to said input signal and including 
means for providing in a specified frequency band extend 
ing between first and second limits a first signal substan tially proportional to said input signal, a further signal path 
coupled to said main signal path and responsive to a 
signal derived from said main signal path for producing a 
second signal in said specified frequency band, and signal 
combining means for combining said first and second sig 
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8 
nals to produce said output signal, said further signal path 
including a first filter having fixed value components 
for providing pass characteristics in a fixed band extend 
ing from said first limit to a cutoff frequency intermediate 
said first limit and said second limit; and means for limit 
ing the amplitude of the output signal of the further signal 
path, said means including a second filter connected in 
cascade with said first filter and having variable cutoff 
characteristics, said second filter including a variable im 
pedance means responsive to an increase in the amplitude 
of at least one of the output of and the input to said 
further signal path for altering said cutoff characteris 
tics from wide band pass under very low input signal 
conditions to progressively narrower band pass, providing 
a cutoff frequency which shifts away from said second 
limit sufficiently to attenuate, in combination with the 
said characteristics of said first filter, any high-level input 
signal components at any given frequency in said specified 
frequency band to a specified level corresponding in said 
second signal to a small fractional part of the maximum 
level of said input signal, while permitting input signal 
components below said specified level at frequencies near 
er to said first limit then said given frequency to pass 
through said filters and to appear in said second signal 
with a lesser degree of attenuation. 

2. A signal processing system according to claim 1 
wherein the variable impedance means is field effect tran 
sistor. 

3. A signal processing system according to claim 1 
wherein the first filter is a single section RC filter. 

4. A signal processing system according to claim 1 
wherein the second filter comprises a series arm consist 
ing of a capacitor in parallel with a resistor and a shunt 
arm comprising a variable resistance device. 

5. A signal processing system according to claim 1 
wherein the second filter includes a series capacitor foll 
lowed by a shunt resistor followed by a further shunt arm 
comprising a variable resistance device. 

6. A filter according to claim 4 wherein the variable 
resistance device is a field effect transistor. 

7. A filter according to claim 5 wherein the variable re 
sistance device is a field effect transistor. 

8. A signal processing system according to claim 1 
wherein said signal combining means additively combines 
said first signal and said second signal, whereby said signal 
processing system operates as a compressor. 

9. A signal processing system according to claim 1 
wherein said signal combining means subtractively com 
bines said first and said second signals, whereby said signal 
processing system operates as an expander. 

10. A signal processing system according to claim 8 
wherein said further signal path is responsive to said input 
signal. 

11. A signal processing system according to claim 8 
wherein said further signal path is responsive to said out 
put signal. 

12. A signal processing system according to claim 9 
wherein said further signal path is responsive to said input 
signal. 

13. A signal processing system according to claim 9 
wherein said further signal path is responsive to said output 
signal. 

14. A signal processing system according to claim 1 
wherein said further signal path further comprises a non 
linear limiter in cascade with and following said first and 
second filters for clipping transients in said second signal. 

15. A signal processing system according to claim 1 
comprising switch means for selecting the compression or 
expansion operating mode of said system, said switch 
means selectively effecting signal connections whereby for 
compression mode said further signal path is responsive to 
said input signal and said combining means combines said 
first and second signals additively and whereby for ex 
pansion mode said further signal path is responsive to said 
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output signal and said combining means combines said 
first and second signal subtractively. 

16. A signal processing system according to claim f1 
comprising switch means for selecting compression or 
expansion operating mode of said system, said main signal 
path including subtractive combining means followed by 
additive combining means, said further signal path being 
responsive to the output of said subtractive combining 
means; and said switch means coupling said second signal 
to said additive combining means for compression mode 
and to said subtractive combining means for expansion 
mode. 

17. A signal processing system according to claim 1 
comprising switch means for selecting the compression or 
expansion operating mode of said system, said Switch 
means effecting signal connections whereby for compres 
sion mode said further signal path is responsive to said 
output signal and said combining means combines said 
first and second signals additively and whereby for expan 
sion mode said further signal path is responsive to said 
input signal and said combining means combines first and 
second signals subtractively. 

18. A signal processing system according to claim 1 
comprising switch means for selecting the compression or 
expansion operating mode of said system, said main signal 
path including additive combining means followed by 
substractive combining means, said further signal paths 
being responsive to the output of said additive combining 
means; and said switch means coupling said second signal 
to said additive combining means for compression mode 
and to said subtractive combining means for expansion 
mode. 

19. A signal processing system according to claim 1 
comprising switch means for disabling said further path, 
whereby the processing action of said system can be dis 
abled and said system transfers said input signals to the 
output in a substantially proportional manner. 

20. A signal processing system for producing an output 
signal in response to an input signal comprising a main 
signal path responsive to said input signal and including 
means for providing in a specified frequency band a first 
signal substantially proportional to said input signal; a 
further signal path coupled to said main signal path and 
responsive to a signal derived from said main signal path 
for producing a second signal in said specified frequency 
band, and signal combining means for combining said first 
and second signals to produce said output signal, said fur 
ther signal path including a first filter having fixed value 
components for providing high-pass characteristics with 
a cutoff frequency within said specified frequency band, 
and means for limiting the amplitude of the output signal 
of the further signal path; said means including a second 
filter connected in cascade with said first filter and having 
variable cutoff characteristics; said second filter including 
a variable impedance means responsive to an increase in 
the amplitude of at least one of the output of and the 
input to said further signal path for altering said cutoff 
characteristics from passing substantially all frequencies 
in said specified frequency band under low-level input 
signal conditions to progressively passing only the high 
frequencies therein, and providing a cutoff frequency 
which shifts upwards sufficiently to attenuate, in combina 
tion with the said high-pass characteristics of said first 
filter, any high-level input signal components at any given 
frequency in said specified frequency band to a specified 
level corresponding in said second signal to a small frac 
tional part of the maximum level of said input signal, 
while permitting input signal components below said spec 
ified level at higher frequencies than said given frequency 
to pass through said filters and to appear in said second 
signal with a lesser degree of attenuation. 

21. A signal processing system according to claim 26 
20 comprising means responsive to the output of said 
further signal path to control the impedance of said vari 
able impedance means as a function of frequency such 
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that said small fractional part decreases as said given 
frequency increases. 

22. A signal processing system according to claim 20 
wherein said further signal path is responsive to said input 
signal; and wherein said signal combining means additive 
ly combines said first signal and said second signal, where 
by said signal processing system operates as a compressor. 

23. In a tap recorder, for approximately correcting 
the high-frequency emphasis introduced by a signal com 
pressor in accordance with claim 22 to the signal as re 
corded on a tape being played back by said recorder, the 
improvement consisting in a passive equalization network 
for approximately correcting said emphasis, the network 
comprising a series resistance followed by a shunt arm 
which includes a resistor and capacitor in series. 

24. A signal processing system according to claim 20 
wherein said further signal path is responsive to said out 
put signal; and wherein said signal combining means sub 
tractively combines said second signal and said first signal, 
whereby said signal processing system operates as an 
expander. 

25. A signal processing system according to claim 20 
comprising switch means for selecting the compression 
or expansion operating mode of said system; said main 
signal path including subtractive combining means fol 
lowed by additive combining means; said further signal 
path being responsive to the output of said subtractive 
combining means; and said switch means coupling said 
second signal to said additive combining means for com 
pression mode and to said substractive combining means 
for expansion mode. 

26. A signal processing system according to claim 20 
comprising switch means for disabling said further path, 
whereby the processing action of said system can be dis 
abled and said system transfers said input signal to the 
output in a substantially proportional manner. 

27. A method of processing an input signal to modify 
the dynamic range thereof, wherein first and second signal 
components are derived in response to said input signal 
and combined to form an output signal; said first signal 
component being substantially proportional to said input 
signal within a frequency band extending between first and 
second limits; and said second signal component being 
subjected to the action of a first filter having a fixed cut 
off frequency lying between said first and second limits 
and passing signals between said first limit and said cutoff 
frequency and the action of a second filter having a vari 
able cutoff frequency which is shifted progressively away 
from said second limit as said second signal component 
tends to increase, thereby to limit said second signal com 
ponent to a small fractional part of said first signal com 
ponent when said input signal is at maximum level. 

28. A method of processing an audio input signal to 
produce an output signal with reduced dynamic range 
comprising the steps of combining linearly first and sec 
ond signal components so that said second component 
boosts said first component above about 1.5 kHz. by about 
10 db at low signal levels to produce said output signal 
providing said first signal component in the form of a 
signal which has dynamic range linearity relative to said 
input signal; providing said second signal component by 
filtering a signal which is derived from said input signal 
with filter means having a high-pass characteristic above 
about 1.5 kHz, at low levels and by automatically narrow 
ing the band pass of said filtering action to restrict, above 
a low-level threshold, said second signal component pro 
duced thereby to the high frequency part of the audio 
frequency band and to a small fractional part of the 
maximum amplitude of said first signal component. 

29. A method of processing an audio input signal to 
produce an output signal with increased dynamic range 
comprising the steps of combining linearly first and second 
signal components so that said second component bucks 
said first component above about 1.5 kHz. by about 10 
db at low signal levels to produce said output signal, 
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providing said first signal component in the form of a 
signal which has dynamic range linearity relative to said 
input signal; providing said second signal component by 
filtering a signal which is derived from said output signal 
with filter means having a high-pass characteristic above 
about 1.5 kHz, at low levels, and by automatically nar 
rowing the band pass of said filtering action to restrict, 
above a low-level threshold, said second signal compo 
nent produced thereby to the high frequency part of the 
audio frequency band and to a small fractional part of 
the maximum amplitude of said first signal component. 

30. A method of effecting noise reduction for an audio 
signal channel wherein an input signal is converted to 
an output signal, comprising the steps of, providing a first 
signal component which, in the audio frequency band, 
has dynamic range linearity relative to said input signal, 
providing a second signal component above about 1.5 
kHz. by restricting, above a low-level threshold, a signal 
derived from said input signal to a small fractional part 
of the maximum amplitude of said first signal component, 
combining linearly said first and second components so 
that said second component boosts said first component 
to produce a third signal, said second component increas 
ing the level of said third signal by about 10 db. above 
about 1.5 kHz. at very low input signal levels, feeding 
said third signal to said channel and recovering a fourth 
signal from said channel, providing a fifth signal con 
ponent which, within said band, has dynamic range linear 
ity relative to said fourth signal, providing a sixth signal 
component within said band by restricting, above a low 
level threshold, a signal derived from said output signal 
to a small fractional part of the maximum amplitude of 
said fifth signal component, combining linearly said fifth 
and sixth components so that said sixth component bucks 
said fifth component to produce said ouput signal, said 
sixth component decreasing the level of said ouput signal 
by about 10 db. above about 1.5 kHz. at very low fourth 
signal levels. 

31. An audio noise reduction system for processing an 
input signal to an information signal from an information 
channel to produce a system output signal substantially 
identical to said system input signal, said signal processing 
system comprising, a main signal circuit for providing a 
first signal component which, in the audio frequency band, 
has dynamic range linearity relative to the signal applied 
to said main signal circuit, a further signal circuit for 
providing a second signal component within said band 
having a limited dynamic range relative to the said signal 
applied to said main signal circuit, said further signal cir 
cuit including filter means with a variable high-pass char 
acteristic above approximately 1.5 kHz. whereby the band 
pass of said filter means narrows to restrict, above a low 
level threshold, said second signal component to a small 
fractional part of said first signal component, means for 
combining linearly said first and second signal compo 
nents, and switching means having compressor and ex 
pander modes, said switching means being operative in the 
compressor mode to apply said input signal to said main 
signal circuit and to said further signal circuit and to 
cause said combining means to boost said first signal con 
ponent by said second signal component to the extent of 
approximately 10 db and to said boosted first signal com 
ponent as said information signal, said switching means 
being operative in the expander mode to apply said in 
formation signal to said main signal circuit and said 
output signal to said further signal circuit and to cause said 
combining means to buck said first signal component by 
said second signal component to the extent of approxi 
mately 10 db and to provide said bucked first signal com 
ponent as said system output signal. 

32. A method of compressing an input signal in the 
audio frequency band to produce an output signal having 
a dynamic range decreased by about 10 db at low levels 
within a restricted part of said audio frequency band 
above about 1.5 kHz., comprising the steps of, providing 
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a circuit having variable frequency response characteristics 
over said restricted part of said audio frequency band; 
supplying said input signal to said circuit deriving a con 
trol signal in response to signals in said circuit; and vary 
ing said variable frequency response characteristics of said 
circuit in response to increasing amplitudes of said con 
trol signal so as to narrow said restricted part of said 
audio frequency band. 

33. A method in accordance with claim 32, wherein 
said control signal is derived from a signal appearing in 
said restricted part of said audio frequency band, whereby 
said latter signal is excluded from said narrowed, re 
stricted part of said audio frequency band. 

34. A method in accordance with clain 32, and fur 
ther including the steps of rectifying and smoothing said 
control signal. 

35. A method in accordance with claim 32, wherein 
said varying step in response to increasing amplitudes 
of said signals in said circuit above a predetermined level. 

36. A method of expanding an input signal in the audio 
frequency band to produce an output signal having a 
dynamic range increased by about 10 db at low levels 
within a restricted part of said audio frequency band above 
about 1.5 kHz., comprising the steps of providing a cir 
cuit having variable frequency response characteristics 
over said restricted part of said audio frequency band 
supplying said input signal to said circuit; deriving a con 
trol signal from a signal appearing in said restricted part 
of Said audio frequency band varying said variable fre 
quency response characteristics of said circuit in response 
to increasing amplitudes of said control signal so as to 
narrow Said restricted part of said audio frequency band, 
whereby said signal appearing in said restricted part of 
Said audio frequency band is excluded from said nar 
rowed, restricted part of said audio frequency band. 

37. A method in accordance with claim 36, and further 
including the steps of rectifying and smoothing said con 
trol signal. 

38. A method of effecting noise reduction by con 
pressing a first input signal in the audio frequency band 
to produce a first output signal having a dynamic range 
decreased by about 10 db at low levels within a re 
stricted part of said audio frequency band above about 
1.5 kHz., transferring said first output signal to provide 
a second input signal, and expanding said second input 
signal in said audio frequency band to produce a second 
output signal having a dynamic range increased by about 
10 db at low levels within said restricted part of said 
audio frequency band, said compressing comprising the 
Steps of providing a circuit having variable frequency re 
sponse characteristics over said restricted part of said 
audio frequency band supplying said input signal to said 
circuit deriving a control signal in response to signals in 
said circuit, and varying said variable frequency response 
characteristics of said circuit in response to increasing 
amplitudes of said control signal so as to narrow said 
restricted part of said audio frequency band, and said 
expanding likewise comprising the steps of; providing a 
circuit having variable frequency response characteristics 
over said restricted part of said audio frequency band; 
supplying said input signal to said circuit; deriving a con 
trol signal in response to signals in said circuit; and vary 
ing Said variable frequency response characteristics of said 
circuit in response to increasing amplitudes of said con 
trol signal So as to narrow said restricted part of said audio 
frequency band. 

39. A method according to claim 38 wherein the said 
first output signal is recorded and played back to provide 
said second input signal, and wherein the compressing 
and the expending are effected by the same circuit switched 
to a compression configuration for compressing said first 
input signal and to an expansion configuration for ex 
panding said second input signal. 

40. A method according to claim 38, wherein said con 
trol signal for comnressing and said rontrol vional for 
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expanding are each derived from a signal appearing in 
said restricted part of said audio frequency band, whereby 
said latter signal is excluded from said narrowed, re 
stricted part of said audio frequency band. 

41. A method in accordance with claim 38, wherein 
said varying steps are in response to increasing amplitudes 
of said signals in said circuit above a predetermined level. 

42. A signal processing system for producing an output 
signal in response to an input audio signal, comprising: 

(a) a main path signal responsive to said input signal 
to provide a main component of said output signal, 
said main component having dynamic range linearity 
with respect to said input signal; 

(b) a further signal path input coupled to said main 
signal path to derive a signal fron said main signal 
path, said further path comprising 

(i) a variable high pass filter including a variable 
impedance means responsive to increase in the 
level of the signal being processed, at least within 
the pass band of said variable high pass filter, 
to shift the low frequency cut off of said variable 
high pass filter in the direction of increasing 
frequency, 

(ii) means responsive to the output of said vari 
able high pass filter to modify the level of said 
main component in said main signal path, there 
by to effect high audio frequency dynamic range 
modification of said input signal, and 

(ii) a further high pass filter having fixed char 
acteristics which cooperate with the character 
istics of said variable high pass filter to restrict 
said modification of the level of said main con 
ponent to the upper part of the audio frequency 
spectrum. s 

43. A signal processing system according to claim 42, 
wherein said modification of level of said main component 
is a modification of about 10 db restricted to the part of 
the audio frequency spectrum above about 1.5 Hz. 
44. A signal processing system for producing an output 

signal in a specified frequency band, in response to an input 
signal in said specified frequency band, comprising: 
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(a) a first signal circuit responsive to said input signal 

to provide a first component of said output signal, 
said first component having dynamic range linearity 
with respect to said input signal 

(b) at least one linear combining means in said first 
signal circuit for combining at least one further sig 
nal components with said first signal component; 

(c) a further signal circuit coupled to said first signal 
circuit and receiving a signal from said first signal 
circuit, said further signal circuit comprising: 

(i) variable filter means with characteristics which 
respond to signal levels in the system 

(i) at least one circuit means which respond to 
the output of said filter means and operate with 
dynamic range linearity to produce the said at 
least one further signal components, 

whereby the said further signal components modify the 
dynamic range of said output signal with respect to said 
input signal in at least part of said specified frequency 
band. 

45. A signal processing system according to claim 44, 
wherein said dynamic range modification is a modification 
of about 10 db restricted to the part of the audio fre 
quency spectrum above about 1.5 Hz. 

References Cited 
The following reference, cited by the Examiner, are 

of record in the patented file of this patent or the original 
patent. 

UNITED STATES PATENTS 
3,111,635 11/1963 Skov et al. ----------- 333-14 
3,350,512 10/1967 Percival et al. 333. 14 X 
3,379,839 4/1948 Bennett ---------- 333-14 'X 
3,397,285 8/1968 Golonski -------- 333-14 X 

ALFRED E. SMITH, Primary Examiner 
S. CHATMON, JR., Assistant Examiner 

U.S. C. X.R. 

179-100.2; 330-96; 333-17 


