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EQUALIZATION SYSTEM 

BACKGROUND 

This application is related to an application for U. S. 
Pat., Ser. No. 873,264, filed Nov. 3, 1969, which is as 
signed to a common assignee herewith. That applica 
tion presents in block form the present system, minus 
some of its re?nements, such as provision for environ 
mental equalization and protection of speakers against 10 
transients. This application discloses the circuitry ap 
propriate to the prior application. 

In a loudspeaker, the relationship between cone dis 
placement and driving force that moves the cone, must 
be a straight line, if natural sound is to ensue. Any de 
parture from linearity results in departure from perfect 
reproduction. But even worse, any departure from 
linearity produces distortion, which in terms of per 
centage of the original signal is a function of non 
linearity. Further to avoid distortion, the cone of the 
speaker must move as a piston at all frequencies, i.e., 
the entire surface of the cone must move the same 

distance in the same time. If one part of the cone moves 
differently from another part, called breakup, distor— 
tion occurs. 

Heretofore, perfect piston cones have been avoided, 
because such cones must be stiff, and to achieve stiff 
ness involves weight of cone. Weight of cone dictates 
frequency range of the cone, i.e., as weight goes up 
stiffness increases, but frequency range and speaker ef 
ficiency in converting electrical energy to acoustic 
energy, decreases. In the low frequency speaker of the 
present system, the cone and drive coil assembly have 
an effective moving mass of 55 grams. Frequency of 
drive of a loudspeaker is proportional to acceleration 
of its cone and coil. For example, at 60 Hz, with a l2 
inch loudspeaker producing l acoustic watt, maximum 
acceleration is 93 grams, which requires great electri 
cal power. In the present system, the low frequency 
speaker cuts off at 250 Hz. 
Another problem faced in designing loudspeakers, is 

that of radiation patterns. If the wave length to be 
radiated is long in relation to loudspeaker diameter, in 
tensity of sound is the same all around the speaker, i.e., 
front, back, sides, above and below. Wave length 
decreases from 55 feet at 20 Hz to ‘A inch at 20 KHz. 
To achieve widely dispersed radiation patterns loud 
ness is lost, and enough speakers must be employed so 
that the shortest wave length radiated is at least com 
parable to loudspeaker diameter. 
As wave length shortens, a speaker becomes more 

and more directional, until its pattern breaks up into 
major and minor lobes. For example, as pitch increases 
from 1500 Hz to 3000 Hz a listener 300° off axis would 
hear sound of greatly reduced intensity. The brain lo 
calizes stereo sounds by means of cues, which include 
relative intensities from the stereo speakers. As pitch 
varied then, the listener who is off-axis would obtain 
the impression of a moving sound source, because the 
radiation pattern changes. Changes of intensity of the 
order of 25 db can occur. The problem is avoided by 
employing many loudspeakers of differing diameters. A 
12 inch speaker may be limited to 300 Hz, a smaller 
speaker extend the range to 1500 Hz, another to 7000 
Hz, etc. Limiting frequency range per speaker allows 
piston-like operation, so that better sound imaging and 
better stereo imaging, and less distortion, all require 
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2 
limiting individual speakers to sub-bands of the total 
audio spectrum, and the improvement accrues 
throughout a room, and not only axially of the 
speakers. Stereo imaging pertains to separation of in 
struments and their de?nition and localization. 

Having designed a loudspeaker which is linear with 
frequency down to 20 Hz, and which radiates spheri 
cally, it is found that location of the loudspeaker in a 
room causes power output to vary by as much as 9 db. 
For example, if a loudspeaker is suspended mid-room it 
radiates spherically, but if it is on the ?oor it does not, 
due to re?ections from the floor. Such re?ections dou 
ble loudness. Location against a wall again doubles 
loudness, and location in a corner adds 3 db. Provision 
is made in the present system to adjust bass compensa 
tion for room location of the loudspeaker. Further 
provision is made, at mid and treble frequencies, for 
the effects of drapes, re?ecting walls and ?oors, rugs 
and the like, by enabling : 2% and i 5 db of gain or 
loss in these ranges. 

SUMMARY 

A loudspeaker system designed for (1) ?at bass 
response to 20 Hz, (2) wide angle radiation patterns at 
all frequencies, (3) piston-like speaker cones, (4) es 
sentially no intermodulation distortion, (5) compensa 
tion for room location, and room re?ectivity, for mid 
range and treble frequencies, (6) adequate cone travel 
(V4 to 1 inch) in the bass to move the required volume 
of air for an effective 10 inch radiator, (7) high effi 
ciency speaker with overdamping at a frequency within 
the audio band, achieved by electrical and acoustic 
damping in terms of magnet and coil design and of 
small enclosure volume per speaker. 

DESCRIPTION OF THE DRAWINGS 

FIG. 1 is a circuit diagram of a loudspeaker-cross 

over arrangement according to the present invention; 
FIG. 2 is a block diagram of a 'drive system for the 

loudspeakers; 
FIG. 3 is a schematic circuit diagram of the system 

according to FIG. 2; 
FIG. 4 is a schematic circuit diagram of a power 

supply for the system of FIG. 2, including a time delay 
circuit; and 

FIGS. 5 - 7 are, respectively, curves of available 
responses in DB for various settings of equalization 
switches, in the system of FIGS. 2 - 4. 

DETAILED DISCLOSURE 

All the loudspeakers of the present system are con 
nected across lines 10, I l, and speakers of each size are 
associated with appropriate cross-overs. LSl-LS4, in 
clusive, are 12 inch loudspeakers, connected in parallel 
pairs. A filter coil L,‘ is connected between line 10 and 
the speakers LSl-LS4, and a series CR by-pass for high 
frequencies across the speakers. The DC resistance of 
L1 is important, in that the power ampli?er connected 
between lines 10 and 11 must have a low internal re 

sistance, in order to appear as a voltage source to its 
load, and the DC resistance of L1 must be ve'ry‘small, at 
least by a factor of 1:10, relative to the DC resistance of 
the speaker, or about 0.8 ohms. Similarly, its reactance 
must be small relatively to speaker coil reactance in the 
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pass band. The speakers are labelled as to size, and the 
frequency bands they radiate, and cross-over ?lter 
components are identi?ed, all on the drawings. The 
requirement that the loudspeaker be directly con 
nected to a low impedance amplifier applies stringently 
only to the speakers LSL-LS4, inclusive, since for the 
remaining speakers there is no necessity to move large 
volumes of air, and power is much smaller than at low 
frequencies. 

Since the Left and Right sides of the present system 
are identical, only one side is illustrated and described. 

In FIG. 2, audio signal is applied to a terminal 20, 
whence it proceeds to input attenuator 21, and when at 
a desired level to a sub-sonic high pass filter 22 having a 
sharp cut-off at 20 Hz. The ?lter 22 is of the active type 
including an ampli?er 22a and a feedback path 22b. 
The output of filter 22a proceeds to a mid-frequency 
equalization circuit 23, which boosts or lowers Signal 
level over a band centered at 4 KC. The circuit 23 pro 
vides five positions; flat, + 2db, + 4db, — 2 db and — 4 
db. 
The circuit 23 feeds in cascade to a high'frequency 

equalization circuit 24 providing variable rolloff of 0 
db, + 2db, + 4db, — 2db and —- 4db up to 20 KC. 
The circuit 24 feeds a low frequency equalization cir 

cuit 25, represented by an active ?lter composed of an 
amplifier 25a and a feedback network 25b. The circuit 
25 in turn feeds an output terminal 26 via a turn on 
relay 27, which provides delay in applying voltage. 
The power supply of the system includes a plug 30, a 

fuse 31 in series with the plug 30, a power transformer 
32, which drives a 75 V power supply and regulator 33, 
which in turn supplies all ampli?er stages of the system 
via lead 34, and also supplies power to turn on delay 
system 27. 

FIG. 3 

In FIG. 3 terminals 40, represent possible input ter 
minals, as labelled, which can be selected by switch 41 
and applied to attenuators 42. In the position illustrated 
all attenuator resistances R1-R6 are shorted, but as 
bars 42 move to the right attenuation increases, values 
of attenuation in db being illustrated. The attenuated 
output signal for the left channel is ignored as duplica 
tive. 
The signal proceeds to active high pass filter 22, 

designed to have sharp cut-off at 20 Hz. Design of ?lter 
22 is conventional, and its output at low impedance 
level is taken from emitter loads 50, for application to 
variable step attenuator 23, which provides a range of 
equalization curves, as illustrated in detail in FIG. 6. 
The output of attenuator 23 proceeds to attenuator 24, 
which provides a range of attenuator curves as illus 
trated in FIG. 7, and the output of equalizer 24 is ap 
plied to active filter 25a having a variable feedback net 
work 25b, which establishes the five attenuation curves 
of FIG. 5. In amplifier 25, signal is applied to the base 
of 05 which is collector coupled to the base of Q7. The 
latter is emitter coupled to the base of 09, having a col 
lector load 54. The output of 09 is the left output of the 
equalizer of FIG. 3. The amplifier 25 includes a feed 
back path adjustable by means of switch 55, the path 
extending from the collector of 09 via lead 56, the vari 
ous KC circuits of feedback path 25 b, and back to the 
emitter of 05 via lead 57. The filter 25 is per se well 
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4 
known, and therefore does not merit detailed discus 
sion. 

FIG. 4 

In FIG. 4, the transformer 32 supplies AC voltage to 
full wave rectifier 60, which provides dc output voltage 
at lead 61. The latter is connected via resistances 62 
and 63 to large capacitor 64. Transistor 0101 is nor 
mally non-conductive, absent voltage, since both its 
emitter and base are grounded. But as the capacitor 64 
charges, the voltage of the base of 0101 rises and the 
transistor becomes conductive supplying voltage to 
output lead 65 at 75 V, and via a voltage divider 66 to 
leads 67 at 10 V. 
The voltage at the junction of resistances 62, 63, is 

applied to the base of transistor 0102, which has a 
grounded emitter, via Zener diode D104. The collector 
of 0102 is connected in series with a relay coil K1 and 
is supplied with voltage from a recti?er power supply 
71. The relay coil K1 actuates switch contacts 73, 74, 
which normally are closed and ground the inputs I to 
the power ampli?ers of the system. When ac power is 
applied to the system the collector of 0102 goes posi 
tive immediately. However the base of 0102 is isolated 
by the Zener diode D104 and the relay K1 remains 
unenergized. When the voltage at the junction of re 
sistances 62, 63 rises to a sufficient value, as capacitor 
64 charges, Zener D104 breaks down, transistor 0102 
becomes conductive, and coil K1 energizes, pulling 
ground off output leads and permitting the power am 
pli?er of the system to operate. The time constant in 
volved is about 4 seconds. If power fails, the contacts 
73, 74, immediately close, and when power comes on 
again, again require 4 seconds to open. Thereby, 
transient sounds and impulses applied to the loud 
speakers are reduced. If desired, leads I can proceed 
directly to loudspeakers, as an alternative system, since 
contacts 73, 74, are connected to ground via re 
sistances 77, 78, which supply loads for the power am-, 
pli?er, until conditions stabilize after application of 
power to the system. In the present system, the circuit 
of FIG. 3 is called an environmental equalizer, and it 
feeds a pre-ampli?er, power ampli?er and loudspeaker, 
and constitutes a unit not present in prior art high 
fidelity systems. The primary function of this system is 
to compensate for speaker placement and room en 
vironmental conditions. 
What I claim is: 
1. A protective circuit for an ampli?er having an out 

put including a relay having a coil and contacts nor 
mally connected to ground said output when said relay 
is unenergized, comprising a power supply including as 
output a source of DC voltage, a timing circuit com 
prising a resistance and a capacitor connected in series 
in the order recited between said source of voltage and 
ground, a transistor having a collector connected to 
energize said coil and having a grounded emitter, a 
Zener diode connected at one side to the base of said 
transistor and at the other to an ungrounded side of 
said capacitor, a second source of voltage, and means 
providing a series circuit including said second source 
of voltage, said relay coil and said collector, said timing 
circuit having a time constant of several seconds, said 
contacts when open being arranged to remove said 
ground from said output. ‘ 
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2. A protective circuit for an ampli?er output load 
and a delay circuit for application of voltage to said am 
plifier comprising 

a. a source of positive DC voltage, 
b. a first PNP transistor having a ?rst collector, first 

base and ?rst emitter, 
c. a resistance connecting said first emitter to 

ground, 
d. a lead connected to said resistance for deriving 

said voltage therefrom, 
e. a timing capacitor connected between said first 

base and ground, 
f. two timing resistances in series connected between 

said source of dc voltage and said first base, 
g. a second PNP transistor having a second emitter, a 
second base and a second collector, 

h. a Zener diode connected between the junction of 
said two timing resistances and said second base, 

i. means grounding said second emitter, 
j. a voltage source, 
k. a relay having a coil connected between said volt 

age source and said second collector, 
1. said relay having a stationary contact connected to 

said load, 
m. said relay including a movable contact normally 
connected to ground and contacting said stationa 
ry contact and responsive to energization of said 
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coil for pulling away from said stationary contact. 

3. A protective circuit for an audio ampli?er, com 
prising a power supply for said audio ampli?er, said 
power supply having an output terminal, an RC timing 
circuit connected between output terminal and ground, 
said RC timing circuit having a time constant of at least 
a second and having a series timing resistance and a 
timing capacitor, said timing capacitor having a 
grounded and an ungrounded terminal, a power ter 
minal for said ampli?er, a normally non-conductive 
transistor switch connected in series between said out 
put terminal and said power terminal, means respon 
sive to achievement of a first predetermined voltage 
across said timing capacitor for rendering said 
transistor switch conductive, a relay having a coil and a 
movable and stationary contact, a load connected to 
said stationary contact, said movable contact normally 
being grounded and normally contacting said stationa 
ry contact, a further transistor switch responsive to said 
voltage across said timing capacitor for energizing said 
coil and separating said contacts on attainment of a 
second predetermined voltage across said timing 
capacitor. 

4. The combination according to claim 3, wherein 
said load is a loudspeaker connected to said ampli?er. 


