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NOISE CANCELING SYSTEM

In conventional active noise cancellation (ANC)schemes, the noise from the noise
source is sensed and, responsive thereto, a loudspeaker located downstream is
activated to produce a noise canceling signal. A dynamic pressure sensor, such as a
microphone, located downstream of the louiispeaker senses the resultant noise, after
noise canceling has taken place, and provides a feedback signal fo the loudspeaker
activation circuitry to correct the noise canceling signal from the speaker. A major
complication of all active noise systems is that the duct characteristics are
superimposed upon the noise canceling process which includes noise emitted and
reflected back from the noise canceling loudspeaker towards the noise source. This
additional noise will be sensed by the input microphone and, if not properly accounted
for, will lead to system or feedback instabilities. So, as part of canceling the noise, it
‘is necessary to identify and separate the reflected and generated noise from the control
loudspeéker from that due to the noise source at the input im'crophone. Another
drawback of conventional active noise cancellation schemes is the cumulative
physical distances serially required between the input noise sensor, the noise canceler
and the error noise sensor. The physical distances reflect the time required to sense
the noise, process the information, produce a canceling signal and to sense the result
of the canceling signal with each step corresponding to a time delay which requires
additional physical distance. The reduction of these time delays would result in a
reduced package size thereby maklng ANC more commercially attractive.
Additionally, previous ANC systems have used adaptive infinite-impulse-response
(TIR) filters to model feedback from the control loudspeaker to the output microphone.
However, by their structure, IIR filters can be prone to stability problems.

A major improvement provided by the present invention is the elimination of an
adaptive IIR filter structure. As a result, a system is provided which has a stabler
control structure and greater system robustness. The présent invention employs two
cumulative structures that may be used individually, but preferably together. One
feature is the use of two sensing microphones which are spaced apart a short distance
along the duct thereby permitting the distinguishing of forward and reverse
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propagating waves in the duct. The second feature is to directly sense the velocity of
the cone of the noise canceling loudspeaker which directly relates to the sound being
produced. A signal proportional to the velocity of the cone of a noise canceling
loudspeaker is compared to and subtracted from to the ihput of the speaker. This
results in a dramatic improvement in the transient response of the loudspeaker
together with a major group delay reduction with laboratory results of up to six

milliseconds.

It is an object of this invention to produce a signal from a noise canceling loudspeaker

that is directly proportional to the forward propagating acoustic pressure wave.

It is another object of this invention to permit the distinguishing of the forward
propagating pressure wavefront which propagates from the source towards the ANC
system and therefore eliminating the need for feedback modeling.

It is a further object of this invention to reduce the input microphone to loudspeaker
distance or acoustic plant length required for active noise control related to ducts.
These objects, and others as will become apparent hereinafter, are accomplished by

the present invention.

Basically, a plurality of spaced sensing microphones are located at or near the noise
source and the sensed signals are processed such that only the forward traveling wave
component of the sound wave originating from the noise source is isolated and
provided as an input to the canceling loudspeaker’s driving circuitry. The velocity of
the speaker cone of the canceling loudspeaker corresponds to the sound being
produced by the canceling loudspeaker. By sensing the velocity of the speaker cone
and comparing the sensed velocity to the driving signal the response time and
distances can be shortened.

Figure 1 is a schematic representation of a PRIOR ART noise canceling system;
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Figure 2 is a schematic diagram of the noise canceling structure of the present

invention;
Figure 3 is a sectional view of the canceling loudspeaker of the Figure 2 device;

Figure 4 is a schematic representation of the progressive wave filter of the Figure 2

device;

Figure 5 is a schematic representation of a forward pressure wave approximation filter
yvhich is an alternative to the Figure 4 embodiment;

Figure6is a schematic representation of a system using a digital implementation of

the controller; and

Figure 7 is a schematic representation of a system using an analog implementation of
the controller.

Figure 1 is based upon U.S. Patents 4,677,676 and 4,677,677 which are'drawn to an
active noise cancellation system using an adaptive infinite-impulse-response (IIR)
filter. Rather than trying to cancel the feedback sound component with special analog
electronics and filters, the effects of both feedforward (sensing microphone to
loudspeaker) and feedback (loudspeaker to sensing microphone) sound paths are
modeled. Briefly, at start up, switch S1 is closed connecting white noise source 10 to
canceling loudspeaker 12 in addition to its connection to adaptive error path filter 14,
and multiplier 16. The filter coefficients for filters 14-1 and 14-2 are zero at this time.
Switch S2 is open so that white noise source 10 is providing the only input for
loudspeaker 12. Filter 14 models the path from the input voltage to canceling
loudspeaker 12, due to white noise source 10, to the output voltage measured by error
microphone 18. The output of error microphone 18 and the output of filter 14 are
supplied to adder 20. The output of adder 20 is supplied as an input to multiplier 16
and the output of multiplier 16 is supplied as a second input to filter 14. Filter 14 is
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required for system stability and, after identification of the error path, it is copied to
filters 14-1 and 14-2 of the main control algorithm structure.

Switch S1 is opened and switch S2 is closed. The adaptive filters 22 and 24 are now
identified while control is being performed at canceling loudspeaker 12. System
performance is measured at error microphone 18 and fed back to the control system
via multipliers 26 and 28 to update filters 22 and 24, respectively. Specifically, with
switch S2 closed, sensing microphone 30 senses the noise produced in duct 32 by a
noise source 34, represented by a loudspeaker, as well as from anti-noise or canceling
loudspeaker 12 and provides an input representative of the sensed noise to filters 14-1
and 22. The filtered output of filter 14-1 is supplied as a second input to multiplier 26
~ whose output is supplied as a second input to filter 22. The output of filter 22 is
supplied to adder 36 whose output is supplied to canceling loudspeaker 12 via addér
38, to filter 24 and to filter 14-2. The output of filter 14-2 is supplied as a second
- input to multiplier 28 and the output of multiplier 28 is supplied as a second inputto
filter 24. The output of filter 24 is supplied as a second input to adder 36. The
structure of filters 14, 22 and 24 is generally implemented as transverse adaptive
filters and the adaptation process is implemented using standard least-mean-square
(LMS) techniques. '

In Figure 2 structure corresponding to structure in Figure 1 is given the same label and
the numeral 32 generally designates a duct such as that used in the distribution of
conditioned air. Mechanical equipment such as compressors and fans produce noise
and are collectively illustrated as a loudspeaker 34 which is a noise source producing
a forward pressure wave, Pg, which is proportional to the forward component of the
acoustic particle velocity of the sound and is represented by an arrow in Figure 2. In
acoustics there are, primarily, two different velocities. The first is the particle velocity
which is the actual molecular level velocity. The second is the velocity at which
information propagates, i.e. the speed of sound. The first or particle velocity is based
on the input or source conditions. The second velocity, or speed of sound, is based
upon thermodynamic and physical properties of the fluid medium. Downstream noise

sources as well as duct characteristics causing reflections produce a reverse pressure
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wave, P,, which is also represented by an arrow in Figure 2. Microphones 30-1 and
30-2 are located in duct 32 downstream of the noise source 34 in a spaced relationship
relative to noise source 34. Because sensing microphones 30-1 and 30-2 are spaced
from each other relative to noise source 34, they sense the forward and reverse
pressure waves at different times and at different locations in their wave patterns

whereby the two pressure waves can be distinguished by proper processing of the
respective signals.

Canceling speaker 13 is operated to produce a sound to cancel the sound of noise
source 34. Specifically, speaker 13 produces a forward pressure wave, Pg, which is
transmitted both upstream and downstream in duct 32 relative to speaker 13.
Referring to Figure 3, speaker 13 includes a permanent magnet having north poles
13-1 and a south pole 13-2. An air gap is defined between poles 13-1 and 13-2.
Speaker cone 13-3 is supported on frame 13-5 by cone suspension 13-4. A portion,
13-3A, of cone 13-3 is located in the air gap and serves as a "former" for coils 13-6
and 13-7 which are glued to the former 13-3A of cone 13-3. The former 13-3A is
essentially massless and provides stiffness to hold coils 13-6 and 13-7 which are
movable therewith. When an altemnating electric current is applied to coil 13-6 it is
caused to move within the magnetic field in the air gap and carries cone 13-3 in its
movement which results in the generation of noise/sound. Movement of coil 13-6
also causes the movement of coil 13-7 causing the inducing of a voltage in coil 13-7
with the induced voltage being proportional to'the velocity of cone 13-3 and coils 13-

6 and 13-7 which are moving as a unit.

Error microphone 18 is located in duct 32, spaced from speaker 13 and on the
opposite side of speaker 13 from noise source 34. Sensing microphones 30-1 and 30-
2, speaker 13 and error microphone 18 are connected through circuitry and coact to
sense noise, cancel the sensed noise and correct the cancellation. Progressive wave
filter (PWF) 40 is connected to sensing microphones 30-1 and 30-2 and, as best
shown in Figure 4, distinguishes the forward pressure wave, Py, from the reverse
pressure wave, P,. In this implementation, flow effects are neglected and microphones

30-1 and 30-2 have the same gain sensitivities. The noise sensed by sensing
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microphones 30-1 and 30-2 is supplied as first inputs to adder 44 and delay time 45,

respectively. Forward delay 46 provides a time delay, T, where 7= L and L is the
c

separation distance of microphones 30-1 and 30-2 and c is the speed of sound in duct
32, as a second input to time delay 45. Delay 45 provides a second input to adder 44.
The output of adder 44 is supplied as a first input to adder 48. The output of adder 48
represents the forward pressure wave, Py, and is supplied via switch S2 to filters 14-1
and 22 and is supplied as a first input to time delay 50 in the feedback loop. Feedback
deléy 52, having a time delay of 27, provides a second input to delay 50. A loss term
of 0.95 appears in the feedback loop as block 54 which receives an input from delay
50 and supplies a second input to adder 48. This small leakage in the feedback loop

controls the stability of the filter 40 and keeps the filter gain at its poles within

reasonable limits. This value was arbitrarily set to 0.95, however, any value between
0.9 and 0.99 could be chosen without éppreciable loss in accuracy.

In Figure 2, filters 22 and 14-1 receive the output of PWF 40, which represents P; at
microphone 30-1, as an input. Filter 14-1 w!iich is copied from filter 14, as described
above with respect to Figure 1, provides a first input to multiplier 26 and an output
signal from error microphone 18 is provided as a second input to multiplier 26. The
output of multiplier 26 is provided as a second input to filter 22. Filter 22 has an
output representing the corrected forward pressure wave which is supplied via adder
38 to adder 41 as a first input. The output of filter 22 accounts for the time delay from
microphone 30-1 to the canceling loudspeaker 13 and any anomaly associated with
the frequency response of loudspeaker 13. The output of adder 38 which represents
the driving force for speaker 13 and any gain corrections that may be required due to
system effects is supplied to speaker 13 via adder 41. Referring again to Figure 3,
power supplied to coil 13-6 via adder 41 causes its movement and the movement of
integral cone 13-3 which produces sound. Coil 13-7 moves therewith and the
movement of coil 13-7 in the air gap between pole 13-1 and pole 13-2 induces a
voltage in coil 13-7 which is related to the movement/velocity of coil 13-7. Since coil
13-7 is moving as a unit with cone 13-3 and coil 13-6, the voltage induced by

movement of coil 13-7 is a direct indication of the velocity of movement of cone 13-3
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and therefore the sound being produced by speaker 13 since the velocity of cone 13-3

7

is directly proportional to the forward pressure wave of the speaker (P) caused by its
movement. The voltage induced in coil 13-7 is sensed, passed through feedback gain
step 42 as gain K and supplied as second input to adder 41 thereby correcting the
driving signal for speaker 13 responsive to the actual operation of speaker 13.

In comparing Figures 1 and 2, it will be noted that the Figure 2 device eliminates
filters 14-2 and 24 and multiplier 28 and adder 36.

Turning now to Figure 5, the progressive wave filter 40, PWF, of Figure 4 can be
replaced with forward pressure wave approximation filter 100. The noise sensed by
sensing microphone 30-1 is supplied as a first input to adder 101 and as an input to
divider 102. The noise sensed by sensing microphone 30-2 is supplied as a second
input to adder 101. The output of adder 101 is supplied to integrator 103 which
supplies an input to divider 104. The outputs of dividers 104 and 102 are supplied as

' first and second inputs, respectively, to adder 105 which has an output P.. The

embodiment of the PWF 40 described in Figure 4 reduces to that in Figure 5 when kL
<M/8 where k is the acoustic wave number, L is the separation distance between
microphones 30-1 and 30-2, and A = the acoustic wavelength.

Before proceeding with the description of the embodiments of Figures 6 and 7, note

~ their common servo (feedback) mechanism at the loudspeaker 112 and power

amplifier 113. The servo mechanism provides a feedback signal that is proportional
to the loudspeaker's cone velocity through feedback gain stage 114, having a gain K.
The velocity feedback signal could be achieved via a variety of mechanisms such as |
providing a coil on the cone, as in Figure 3, which moves with respect to the magnet
of loudspeaker 112 so as to produce a signal indicative of movement of the cone and
thereby of the sound being generated by loudspeaker 112. The feedback gain, K is not
known and would have to be predetermined before control starts. This gain would be
loudspeaker dependent and in general would be on the order of, 100. In addition, the
power amplifier 113 is assumed to have a unity power transfer function. The power
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amplifier 113 is essentially a current amplifier that supplies drive current to the
loudspeaker 112 for required actuation.
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A major difference between the embodiments of Figures 6 and 7 from those of
Figures 2-4 is that microphone 130-2 is used in both the PW filter 132 and as the error
sensor, being placed directly over the control loudspeaker 112. Alteratively, if
desired, it could also be located downstream of control loudspeaker 112. The
indicated noise source 134 can be either on, or off during Steps 1 and 2. It is assumed
that the noise source 134 is on during Step 3. Ifit is off, the ANC system will be

essentially inoperative.

To initiate calibration of loudspeaker 112, switch S3 is closed, switches S4 (Figure 6

~ only) and S5 are open and noise source 134 is on. The white noise source 110
(constant amplitude, broadband frequency distribution) supplies-a signal to the
Loudspeaker Correction Filter (adaptive Finite Impulse Response (FIR) structure)
116, Hc, multiplier 129, and Desired Loudspeakér Velocity Response Filter, 117, Hp,
in loudspeaker adaptive correction block or circuit 190. Circuit 190 has the function
of computing the required correction ﬁltei 116, Hc, for the loudspeaker's velocity
resonse based upon a d&ﬁired response, Hp, of filter 117. The output of H; correction
filter 116 is supplied as an input to the servo-loudspeaker via closed switch S3 and
adder 138. The servo-output (i.e. velocity of the loudspeaker’s cone before gain, K) is
fed back to adder 128 negated and summed with the output of the velocity response

- filter 117. This signal represents an error signal and is the deviation of the actual
loudspeaker's cone velocity from the desired loudspeaker’s cone velocity. The error
signal is combined in a least mean square, LMS, fashion with the input signal from
the noise generator 110. Specifically the signal from adder 128 is multiplied with an
input signal from noise generator 110 in multiplier 129 and a small constant (not
shown), generally referred to as a convergence parameter, which is typically 0.1% of
the input power. The process continues until the error signal is reduced to a
predetermined small value. After convergence, the H-filter 116 is copied to filter
116-1 of the FIR controller 192 or 192', as indicated, and filter 1 16-2 of C-plant
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identification 194 (Figure 6, only). FIR controllers 192 and 192' produce outputs that

minimizes the sound pressure at microphone or sensor 130-2.

C-plant identification or circuit 194 is the adaptive error path identification circuit
whose function is to identify the transfer function, C, that defines the path from the
input voltage to filter 116-2 to the output voltage from microphone or sensor 130-2.
To initiate C-plant identification in adaptive error path identification filter block or
circuit 194 of Figure 6, switch S, is closed, switches S, and S; are open and white
noise source 110 is on. Noise source 110 supplies a signal to adaptive C-filter 140
which is a Transverse Filter (adaptive FIR structure) model of error plant (path from
input voltage to servo-loudspeaker to output voltage from microphone 130-2) and to
LMS multiplier 141. White noise source 110 directly feeds the input to the servo
loudspeaker via closed switch S4, correction filter 116-2, adder 138 and power
amplifier 113 which excites the duct 32 with sound energy via the loudspeaker 112.
This acoustic signal is sensed by microphone 130-2, negated and summed in adder
142 with the output of filter 140 producing an error signal. The error signal is
combined at the multiplier 141 in an LMS fashion (convergence parameter not shown)
with the output of the noise generator 110. This process continues until the error
signal is reduced to a predetermined, small value. After convergence the C-filter 140
" is copied to filtei'140-1 of the FIR controller or adaptive digital active noise control

* filter block or circuit 192, as indicated. -

To initiate FIR controller or control filter circuit 192 of Figure 6 and 192' of Figure 7,
switch S5 is closed and switches S3 and S4 (Figure 6 only) are open and white noise
source 110 is off. Prior to the closing of switch S5 noise from the noise source 134 is
propagated down the duct 32 towards microphones 130-1 and 130-2, and the
loudspeaker 112. The duct 32 acts as an acoustic waveguide in that the dominant
acoustic energy in the duct 32 propagates as plane, acoustic waves (same acoustic
pressure in any duct cross-section). At the loudspeaker 112, the acoustic energy
associated with the noise source 134, responds to the variation in the normal duct
impedance caused by the presence of the loudspeaker 112 (i.e., the loudspeaker has
different mass, stiffness and damping properties than that of the duct). Some of the
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acoustic energy at the loudspeaker 112 is reflected back upstream towards the noise
source 134, some is transmitted down the duct 32 and the rest is dissipated as heat
through the motion of the loudspeaker’s diaphragm. At any downstream duct
discontinuity, for example a branch or termination, a similar interaction of the
reflection, transmission and dissipation of sound energy occurs. From the physical
description given here we see that the sound field, or acoustic pressure, P, in the duct
can be described as two plane acoustic waves traveling in a forward, P, and reverse,
P,, direction in the duct. Mathematically, the following equations completely describe
the plane-wave, acoustic pressure, P, and acoustic particle velocity, U, at any point in
the duct where x, is the longitudinal duct coordinate, j isv—1 , k is the acoustic
wavenumber, p is the duct medium density, ¢ is the duct mediun; speed of sound and

the subscripts f and r designate forward and reverse directions, respectively:

P= Pf .e-j.h.; + Pr .e-oj.k‘.x’ u=Uf .e-j.p., ‘Ur ‘e-ej-k'.;

Uf =——’ = e—

r

pe pe

The constants in the above equation are defined by,

k* =k, -(1- M), k™ =k, -(1+ M)

k = ko —ja (M)
¢ 1- M?
where:
M = Mach Number
and

o (M) = Attenuation Factor.
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Note that, the forward pressure, P, and acoustic particle velocity, Uy, waves are in
phase (have the same sign) and the reverse pressure, P, and acoustic particle velocity,
U,, wave are in anti-phase (negative sign). The total acoustic pressure is a scalar
quantity, that is it has no apparent direction associated with it, only magnitude. In
contrast, the acoustic velocity, U, is a vector quantity, and by definition has both
direction and magnitude. The positive x-direction was arbitrarily chosen to be
represented by waves propagating in a left-to-right fashion in the duct 32, note that the
negative sign in the reverse velocity, U,, wave reflects this. The ultimate goal of an
ANC system is to cancel all noise which propagates to the receiver. In most cases,
this would be at some point located downstream of the ANC system. For these cases,
the only offending component of the noise to be canceled is that energy associated
with the forward component of the wave propagation. Since all energy propagating in
| a reverse direction in the duct is assumed to be caused by a reflected component of the
forward wave (assuming no downstream sources) at some point in the duct, the
reflected wave compohent would be forced to zero in the absence of any forward
propagating component. In addition, by sensing only the forward wave component of
the sound field all feedback sound energy from the loudspeaker 112, when active,
~ would be rejected since these sound waves from the loudspeaker 112 are actually

reverse sound waves relative to the progressive wave, PW, microphone array.

Since a microphone measures the total acoustic pressure at any point (summation of
forward and reverse waves) it would be desirable to devise some means by which only
the forward component of the pressure wave is measured. This is exactly
accomplished with the PW filter 132.

Notice that the forward acoustic velocity component, U, is related to the forward
pressure component via the specific acoustic impedance quantity, p ¢ (i.e. U;=
(P¢/p-c)). By having an ideal velocity source (flat frequency response) the acoustic
pressure can be exactly replicated. By utilizing a servo mechanism, and correction

function H,, the loudspeaker’s velocity response essentially becomes ideal.
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Referrihg again to Figures 6 and 7, in theory, all that is required for cancellation for
the PW, ANC system is to know the appropriate time delay and gain factor for the
system. This delay represents the time it takes the forward pressure wave measured at
microphone 130-1 to travel to the control loudspeaker 112. Knowing the separation
distance between microphone 130-1 and control loudspeaker 112, the delay, t, can be
calculated by, 7=L/c. Where L, is now the distance from microphone 130-1 to control
. loudspeaker 112 and c, is the wave propagation speed. 'In addition, the theoretical

"gain factor" for control, based upon the above equations describing wave
propagation, is K = [-;—%] . In this equation, AR is the area ratio of the

duct-to-loudspeaker and assumes a 1-to-1, pressure-to-voltage transfer function for
microphones 130-1 and 130-2. The Figures 6 and 7 ﬁnplementaﬁom use progressive
wave filter 132 which corresponds to PW filter 40 of Figure 4. Because there could
be some variability in both the delay and gain required for control due to flow and
high order acoustic effects, the control embodiment of FIR controller 192 or control
filter circuit of Figure 6 uses an adaptive filter 120(A). In addition the previously
mentioned "theoretical” gain factor assumes a 1-to-1, pressure-to-voltage transfer
function for microphones 130-1 and 130-2. This is generally not the case which

~ makes the adaptive system as described in Figuré 6 desirable over that in Figure 7.
This technique automatically computes the required gain and delay and also accounts
for any variation over time in these two quantities. However, for a lower cost and
potentially lower performance system, the FIR controller or adaptive noise control
élter block or circuit 192’ of Figure 7 may be employed. In Figures 6 and 7,
microphones 130-1 and 130-2 provide input signals to progressive wave filter 132
and, additionally, microphone 130-2 provides an input to FIR controller or control
filter circuit 192 of Figure 6 and 192" of Figure 7.

Referring specifically to Figure 6, the output of filter 132 is supplied as an input to
filter 140-1 and adaptive filter 120 of FIR controller or control filter circuit 192. Filter
140-1 provides a first input to multiplier 150. Microphone 130-2 provides a secohd
input to multiplier 150. The output of multiplier 150 is supplied to adaptive filter 120.



13

The output of filter 120 is supplied to filter 116-1 whose output is supplied to speaker
112 via closed switch S5, and adder 138 and power amplifier 113.

Referring now to Figure 7, the output of filter 132 is supplied via fixed time delay
circuit 195 as a first input of gain 152 of FIR controller or control filter circuit 192",
Microphone 130-2 provides a second input to gain 152. The output of gain 152 is
supplied to filter 116-1 whose output is supplied to speaker 112 via closed switch S5,
and adder 138 and power amplifier 113. In Figure 7, the error signal supplied by
microphone 130-2 is used as input to an analog automatic gain control circuit 152 |

with a fixed time delay circuit 195. This circuit has the advantage over a fixed gain

filter, suggested by the feed gain factor K = [;”A;] in that it can respond, in a DC

fashion, to any vaﬁation in loudspeaker or microphone sensitivity. This system is not
as robust as that of Figure 6 in that it cannot respond tc individual frequency
variations and therefore its performance may be less than that of Figure 6. However,
this system would cost dramatically less than that of Figure 6.

The systems of Figures 6 and 7 described above offer a number of advantages over
prior art systems in that they permit reducing the distance requirements for the
instailation. The'sensing microphones 30-1 and 30-2 can be separated.by a relatively
small distance, e.g. 1/8 of the wavelength of the highest frequency of interest for a
purely analog system located within a duct. The sensing of the movement of cone 13-
3 via coil 13-7 permits the determination of the sound being produced by the driving
structure as opposed to knowing the input signal and sensing the results thereof after
the fact. For the analog version, all components of the ANC system including
“microphones, servo-loudspeaker and ancillary electronics are assumed to be "ideal”.
That is having a unity input-to-output voltage transfer function. In the case of a
digital system, adaptive filters are used to compensate for uncertainties, i.e. non-ideal

transfer functions, that can occur in an actual ANC system,

In both the digital and analog PW systems of Figures 6 and 7, respectively,
microphone 130-2, is used to monitor and provide feedback information on system
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performance (error sensor) - it also provides input to the PW ﬁlter 132. Both systems
would tend to minimize the overall pressure at microphone 130-2. This in essence
forces a pressure-equal-zero condition at the loudspeaker 112, whereby all transmitted

sound energy would tend to zero.
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What is Claimed is:
1. A noise canceling system for an air distribution structure
comprising:

duct means (32) for delivering air;

a source of noise (34) located with respect to said duct means so as to
transmit noise into said duct means as a forward component which is subject to
reflection due to coaction with said duct means to produce a reflected component
whereby noise from said source of noise can be present in said duct means as both a
forward component and a reflected component;

sensing means (30-1; 30-2; 130-1; 130-2) located in said duct means;

noise canceling means (13; 112) located with respect to said duct
means so as to fransmit a canceling noise into said duct means;

| circuitry connected to said sensing means and said noise canceling
means and including means for ﬂistinguishing between said forward component and
said reflected component and for producing an output representative of said forward
component (40; 100; 132) and means for driving said noise canceling means so as to

“produce noise corresponding to said forward component.

2, The system of claim 1 wherein said means for distinguishing
between said forward component and said reflected component is a progressive wave
filter (40; 132).

3. The system of claim 1 wherein said means for distinguishing
between said forward component and said reflected component is a forward pressure

wave approximation filter (100).
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4. The system of claim 1 wherein said circuitry includes means
(13-7) for sensing a parameter corresponding to actual output of said noise canceling
means and means (42; 114) for feeding back said sensed output to said means for
driving said noise canceling means so as to adjust said means for driving said noise

canceling means.

5. The system of claim 1 wherein said circuitry provides a time
delay (22) corresponding to the time necessary for noise from said source of noise to

travel between said sensing means and said noise canceling means.

6. The system of claim 1 wherein said sensing means (30-1; 30-2;
130-1; 130-2) is a pair of sensors in a spaced relationship relative to said source of

noise.

T The system of claim 6 further including:

a second sensing means (18) located in said duct means at a location
such that said noise canceling means is located intermediate said second sensing
means and said source of noise;

‘said second sensing means being connected to said circuiti'y mearns so
as to provide a signal representative of the result of interaction between noise from
said source of noise and said noise canceling means;

said circuitry including means (41) responsive to said signal
representative of the result of interaction between noise from said source of noise and
said noise canceling means to adjust said means for driving said noise canceling

means.

8. The system of claim 6 wherein one of said pair of sensors.
(130-2) is located opposite said noise canceling means, and said one of said pair of
sensors (130-1) is connected to error sensing means (132) which forms a part of said

circuitry.

T
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9. fhc system of claim 6 wherein:

said circuitry includes a progressivé wave filter (40; 132) connected to
said pair of sensors and a finite impulse response controller (192; 192') connected to -,
one of said pair of sensors and said progressive wave filter and providing an output to

said noise canceling means.

10.  The system of claim 9 further including:

a loudspeaker calibration circuit including a white noise source (10;
110), an adaptive transverse filter (140), and a desired loudspeaker velocity response
transfer function; and

means (S3) for selectively connecting said calibration circuit to said

noise canceling means and disabling said output of said controller.

11. ©  The system of claim 10 further including:
a an adaptive error path identification circuit including an adaptive
transverse filter (14; 116) and connected to said white noise source.

12.  The system of claim 11 wherein said controller includes a filter
(140-1) copied from said adaptive transverse filter of said identification circuit.

13.  The system of claim 12 wherein said controller includes a filter
(116-1) copied from said adaptive transverse filter of said speaker calibration circuit.

14.  The system of claim 10 wherein said controller includes a filter
(116-1) copied from said adaptive transverse filter of said speaker calibration circuit.

15.  The system of claim 1 wherein said sensing means includes a
pair of sensors in a spaced relationship relative to said source of noise located

upstream of said noise canceling means.

‘This Sheet Has Been Re

AR

[



