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Time-Averaged Active Controller for Turbofan Engine Fan
Noise Reduction

Russell H. Thomas,* Ricardo A. Burdisso,t and Steven A. Lanet
Virginia Polytechnic Institute and State University, Blacksburg, Virginia 24061-0238

An active control system has been developed and used experimentally on an operational turbofan
engine to reduce inlet tonal noise at the fan blade passage frequency. Both single channel and multichannel
systems were tested. The control approach used is the feedforward derivative measurement time-averaged
adaptive algorithm. This algorithm is capable of adapting to a nonstationary system, requiring no prior
knowledge of the system. A reference sensor mounted in the casing of the fan provides the fan blade
passing frequency reference signal to the controller. Microphones with a large sensing area are placed in
the acoustic far field of the engine. The control algorithms minimize a cost function, the sum of the error
signal mean-square-values, by activating loudspeakers that are mounted around the inlet of the engine.
The control signals are obtained by filtering the reference signal with finite impulse response digital filters.
The control algorithm finds the optimum filter weights by using statistical estimates of the cost function
to be minimized. A single channel control system was tested on an axisymmetric dominant mode case
and produced reductions of up to 17 dB at the error microphone. The controller maintained reductions
in the fan tone even as the engine speed was increased. In a traverse of the radiated sound field of the
engine the fan blade passage tone was reduced over a sector of 30 deg around the error sensor with a
considerable spillover increase in the fan tone outside of this sector. Two six-channel control systems were
developed and tested on both axisymmetric and spinning mode dominant cases. Reductions of up to 19.7
dB were achieved over large sectors around the error microphones with significantly reduced spillover.

Nomenclature
C = cost function
D = diameter of engine at the fan stage
d = disturbance signal

= error signal
= transfer function
= input signal to control sources
= adaptive finite impulse response filter coefficients
= reference signal
= control source output signal
= coherence
= convergence parameter

Introduction

T HE introduction of ultra high bypass (UHB) ratio turbofan
engines in the near future, with bypass ratios from 10 to

15, has put an emphasis on new fan noise reduction technol-
ogy. This is because the UHB engines will have smaller inlet
diameter-to-length ratios and will operate at much lower fre-
quencies then current turbofan engines. These two factors will
make it difficult for passive acoustic liner technology to pro-
duce additional noise reductions. Several active control meth-
ods are being investigated to provide the additional levels of
fan noise reduction.

One approach to active fan noise reduction uses a second
control noise field to destructively interfere with the engine

Received Oct. 24, 1995; revision received Jan. 26, 1996, accepted
for publication Jan. 27, 1996. Copyright © 1996 by the American
Institute of Aeronautics and Astronautics, Inc. All rights reserved.

*Research Scientist, Vibration and Acoustics Laboratories, Me-
chanical Engineering Department; currently at Virginia Consortium of
Engineering and Science Universities, 303 Butler Farm Road, Suite
101, Hampton, VA 23666. Member AIAA.

fAssistant Professor, Vibration and Acoustics Laboratories, Me-
chanical Engineering Department.

^Graduate Research Student, Vibration and Acoustics Laboratories,
Mechanical Engineering Department.

fan tone to produce a net reduction in the radiated fan tone
level. This approach has been investigated on an operational
JT15D turbofan engine.1'3 In these investigations the control-
ler used for the active noise reduction system employed a feed-
forward filtered-x least-mean-square (FXLMS) time-domain
adaptive algorithm.4'5 While these investigations have demon-
strated considerable progress toward reduction of the fan tones
over large forward radiated sectors, the FXLMS algorithm has
also demonstrated two features that would be desirable to re-
move. First, the time-domain controller must sample and per-
form all computations for the control signal update before the
next sample, essentially in real time, placing a severe com-
putational speed requirement on the digital signal processor.
Second, the filtered-x signal for the time-domain controller re-
quires a system identification, a measurement of the transfer
functions between control and error transducers. This system
identification is valid for a particular system condition, and if,
in the case of an aircraft engine, the engine speed, angle of
attack, temperature, etc., were to vary, the system would
change and a new identification would need to be carried out.
From an application point of view, the elimination of these
two features would make the implementation of an active con-
trol system more viable.

An alternative control approach to the time-domain FXLMS
algorithm is investigated in this work. This control approach
uses statistical estimates obtained from time-averaged mea-
surements of the cost function in conjunction with a search
algorithm to minimize the error signal power. The control sys-
tem does not require identification of the control-error path
unlike the FXLMS algorithm. These time-averaged (TA) al-
gorithms can differ according to the search method used and
two methods were investigated in this work. A single-input
single-output (SISO) TA controller with a steepest descent
(SD) search algorithm is first described in this work. This al-
gorithm was extended to a six-input six-output (6I6O) SDTA
controller. And finally, a pseudo-Newton search algorithm is
used with the 6I6O controller to increase the speed and ac-
curacy of the search algorithm.
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Adaptive Feedforward Control
The analysis presented here will be carried out in the dis-

crete domain. Thus, a subscript k indicates the signal sample
at time tk. Figure 1 is the general block diagram for an adaptive
feedforward controller. The sinusoidal disturbance sequence xk
acts on the plant through the disturbance-error path transfer
function T^.(z\ and generates the response dk to be minimized.
The coherent reference signal, here assumed to be the same
disturbance signal xk, is filtered by an adaptive filter, whose
output is the control sequence uk. For the case of a harmonic
disturbance, a two-weight finite impulse response (FIR) filter
is sufficient to modify the phase and magnitude of the refer-
ence signal. That is, the control sequence is given by

Uk (1)

where w0(£) and w\(k) are the adaptive filter weights, and their
dependence with k implies that they are time dependent.

The response of the system because of the control input uk
acting on the control-error path transfer function Tw(z) yields
yk. The error sequence is the superposition of the response
because of the sum of the disturbance and control inputs as

: = dk + yk (2)

All feedforward control algorithms adjust the FIR filter
weights by minimizing a cost function related to the error sig-
nal output ek. The cost function is defined as a mean-squared-
value of the error signal given by

C(H>O, w,) = E[e2
k] (3)

where E is the expected value operator. It is straightforward
to show that the cost function is quadratic with respect to the
filter weights and has only one global minimum.

Time-Domain FXLMS Algorithm
Though the FXLMS algorithm has been described in detail

previously,4'5 a brief description is presented here for compar-
ison with the TA approach as well as for the sake of com-
pleteness. The update equation for the FXLMS algorithm is4'5

+l = {W}k - (4)

where the JJL is the step-size parameter that controls the rate of
convergence and the stability of the minimization process,
[W}k = (w0(k), Wi(k)}Tis the weight vector; and {VCk} is the
instantaneous gradient vector at sample time tk. Equation (4)
shows that the filter weights are updated at each sample period
by moving the weights in the direction opposite to the instan-
taneous gradient vector. The instantaneous gradient vector
component is computed by differentiating the instantaneous
error signal mean-square-value (ek)2 with respect to the filter
weights. This yields

{VCk} = {2ekxk, 24A-i}r (5)

where #, denoted as the filtered-x signal, is generated by fil-
tering the reference signal xk by an estimate of the control-
error path transfer function. The product 2ekfk-J in Eq. (5)
represents the instantaneous jfth component of the gradient vec-
tor. Thus, the vector in Eq. (5) is not the true gradient of the
cost function defined in Eq. (3).

It is clear from Eq. (5) that to implement this algorithm the
transfer function T^z) needs to be measured, modeled, and
used to generate the sequence xk. For the single-frequency case
considered here, the transfer function Tw(z) can again be mod-
eled by a two-coefficient FIR filter. However, the two-weight
FIR filter will only yield an accurate estimate of the gradient
vector {VCk} at the excitation frequency if it remains constant.

Disturbance Signal
xk

Reference
Signal

Adaptive Feedforward
Controller

Fig. 1 Block diagram for a general adaptive feedforward con-
troller.

For a varying excitation frequency or complex disturbance in-
put, i.e., multiple frequencies and broadband, the filter mod-
eling TceCz) should be such that it represents the control-error
transfer function over the whole operating frequency range of
the disturbance. For these cases, a large-size FIR filter or an
infinite impulse response (IIR) filter can be used. However,
neither the FIR nor the IIR filter will remain valid if the dy-
namics of the system changes with time, i.e., varying flow
speed, temperature, operating engine conditions, etc. The
FXLMS approach has shown some degree of robustness in the
event of minor system changes, but significant variations re-
quire recalculating T^z) for a stable controller.

Two approaches have been proposed to overcome this prob-
lem associated with the FXLMS algorithm. The first one is by
monitoring continuously T^z) using a white noise probe signal
uncorrelated to the disturbance input.6 Using this probe signal
the transfer function T^(z) is modeled in real time. The second
approach attempts to simultaneously adapt the weights of both
the feedforward compensators and the filter modeling the con-
trol-error path transfer functions.7 This approach was imple-
mented for the case of single frequency excitation of a plate
and the results showed some lack of robustness. The drawback
of both methods are the increase in the controller complexity
and the serious penalty in computational load that can severely
reduce the effective controller bandwidth.

Time-Averaged Algorithms
A new update algorithm is proposed here to find the opti-

mum filter weights without having prior knowledge of the con-
trol-error path transfer functions. As mentioned before, the cost
function is a quadratic function of the filter weights for sta-
tionary signals. The main goal of the proposed method is to
develop a procedure that efficiently searches the cost function
to find the optimum filter weights using only statistical esti-
mates of the cost function. Thus, the proposed approach differs
mainly from the previous approaches in that no attempt is
made to model the control-error path. The proposed TA update
algorithm is illustrated in Fig. 2. The proposed approach con-
sists of minimization cycles. In each cycle, a descent search
direction {S}, and a convergence parameter IUL, is first deter-
mined. The minimization direction defines a plane that inter-
sects the cost function yielding a parabola. The filter weights
are then updated along this direction for a time / consisting of
N samples, / = Nts, where ts is the sampling period. Thus, the
update equation for the ith minimization cycle is given by

(6)

The updating of the filter weights using Eq. (6) is carried
out until the cost function is minimized along the one-dimen-
sional search direction {5},-. The weight vector that yields the
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Cost Function Contours
C( wQf w j) = Constant

Fig. 2 Time-averaged gradient update approach.

minimum cost function along the {£}, direction is denoted in
Fig. 2 as [W}?+i. At this point, a new search direction {5}I+1
and the convergence parameter /xl+1 is determined, and the
new minimization cycle is initiated. The one-dimensional min-
imization cycle continues until the process converges to the
optimum weight vector that yields the global minimum. It is
clear that the characteristics and the performance of the update
algorithm are determined by the selection of the search direc-
tion {S}i and the step parameter /*,,. The steepest descent and
the Newton's methods are two of the most well-known ap-
proaches to search for the minimum of a quadratic cost func-
tion in many engineering fields.8 Based on these methods, two
weight update algorithms are proposed here that are denoted
as the steepest descent time-averaged (SDTA) and pseudo-
Newton time-averaged (PNTA) algorithms, respectively.

SDTA Algorithm
In the SDTA method the search direction is chosen as the

negative of the gradient vector

= [dC d€}T

\d\Vo dwj,.
(7)

where the subscript i indicates that the gradient is computed
at {W,}*, which was obtained from the (/ - l)th minimization
cycle. The gradient components in Eq. (7) are computed by
evaluating the performance function at two points using a finite
difference technique. Thus, for one of the weights

sc C(w0/ + A, wu) - C(w0/, wlt) (8)

where A is the weight perturbation parameter. This process is
also graphically illustrated in Fig. 2. Thus, the update equation
becomes

(9)

where, unlike in the FXLMS algorithm, {VC}, is now the true
gradient vector of the cost function to be minimized as defined
in Eq. (3). The step size /x, depends upon the curvature of the
parabola defined by {£},. The curvature K/ can be estimated
by evaluating the cost function at three points along the direc-
tion {£},. Then, the step size can be estimated at each cycle
as follows:

(10)

The step size can also be set to a constant value for all possible
minimization cycles by a trial-and-error process carried out on
the same control system setup.

The main advantage of this algorithm is its simplicity and
the few computations involved in the gradient estimation.

However, the direction of the negative gradient in general does
not point towards the minimum of the cost function, which is
its main disadvantage. For a cost function that is significantly
distorted, i.e., having an elongated valley, the minimization
path can result in a zigzag pattern. This phenomena yields a
very slow adaptation process or even failure to converge if the
cost functions required in Eq. (8) are not estimated accurately
because of noise. This problem can be overcome by a variable
transformation.8 However, this technique requires extensive,
previous knowledge of the system, and it is not feasible in this
control application.

PNTA Algorithm
In view of the problems associated with the SDTA algo-

rithm, a second approach was developed based on the New-
ton's method. In the Newton's method, the descent direction
is defined as

(11)

where [H] is the Hessian matrix given by

/ a2c
\dw0dwi9w2

0

d2C
(12)

and the step parameter
algorithm becomes

is set to unity. Then, the update

(13)

The main advantage of this search direction is its quadratic
convergence rate. This means that for a quadratic cost function
with no noise the convergence is guaranteed in a minimum
number of cycles, i.e., two for the case considered here. This
approach also removes the need for guessing a step size, since
it is defined as one.

However, this update algorithm presents serious implemen-
tation difficulties. Firstly, the numerical computation of the
second derivatives is generally more involved than the first
derivative in Eq. (8). Secondly, the number of second deriva-
tives to compute increases with the square of the number of
adaptive weights to update, which will be discussed later.
Thirdly, the main drawback in implementing Eq. (13) is the
need to compute the inverse of the Hessian matrix. Since the
numerical estimation of the second derivatives will always
contain some degree of error, i.e., because of noise in the sig-
nal, the inverse of matrix [H] could yield erroneous results.9
Matrix [H] could also be singular, in which case the inverse
would not exist. All of these problems are more serious for
the implementation of multiple-input multiple-output (MIMO)
systems as it will be pointed out later.

To overcome these drawbacks and still take advantage of
the positive features of this method, a modified update equa-
tion is proposed, referred to here as the pseudo-Newton
method. The update equation is

(14)

where matrix [H] consists of only the diagonal elements of
the Hessian matrix [//]. The assumption in this approximation
is that the off-diagonal elements are negligible for a quadratic
cost function. The numerical computation of the elements in
matrix [H] is accomplished by perturbing the weight twice.
For example, the second derivative for w0 is

d2C C(w0 + A, wQ + C(w0 - A, wQ - 2C(w0, (15)
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The pseudo-Newton method in Eq. (14) has several advantages
over the Newton's method in Eq. (13). Firstly, the number of
numerical approximations for the second derivatives is equal
to the number of filter weights, greatly reducing the compu-
tations. Secondly, the inversion of the Hessian approximation
is trivial. Thirdly, since the updating process in Eq. (14) takes
into consideration the curvature of the performance surface
through the Hessian approximation, the step size can again be
set to fjii ^ 1 as in the pure Newton's method. In this approach,
the parameter & is estimated based on the norm of the gradient
vector ||VC/||, computed at the initial point of each minimiza-
tion cycle. This factor is defined as

Even though a JJL = 1 would yield a stable controller, the
step-size factor was introduced to further increase the stability
and as an added measure of safety, yielding a more robust
controller, tolerant of noise in the system. Near the optimum
filter weights, the norm of the gradient vector will approach
zero and /t, —» 0. On the other hand, away from the optimum
filter weights, the norm of the gradient vector will be larger
than unity and /*,,—» 1. Thus, this step-size scaling eliminates
meandering of the filter weights near their optimum values.
Multi-Channel Control System

The simple case of a SISO control system presented in the
previous section was used to introduce the proposed control
algorithms. However, a realistic control system will consist of
a multichannel system.10 In this section, the application of the
control approaches to multichannel systems is discussed.

A multichannel control system is illustrated in Fig. 3. The
system has Nc control inputs uik (i = 1, . . . , Nc), and the re-
sponse of the system is monitored by Ne error sensors whose
outputs are the error signals ejk (j = 1, . . . , Ne). The control
signals are generated by feeding forward the same reference
signal to Nc adaptive two-weight FIR filters. The update al-
gorithm will have to adjust the coefficients of the FIR filters
to minimize a cost function related to the Ne error outputs. The
cost function to be minimized is now the sum of the error
signal mean-square-values. That is,

C(w0i, , w02, w12, . . .) = (17)

It is straightforward to show that the cost function in Eq.
(17) is again a quadratic function of the adaptive filter weights.
Thus, the update algorithms developed for the SISO case can
be readily expanded to the MIMO control system. This is ac-
complished by grouping the filter weights on a single vector
as

{W} = [wol9 wll9 w02, wl (18)

and replacing it into the update equation in Eq. (6). The search
direction will be

for the SDTA method, and for the PNTA approach

(19)
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Fig. 3 MIMO feedforward control system.

The advantages of using the pseudo-Newton approach in Eq.
(15) rather than the pure Newton's method in Eq. (14), for
MIMO control systems is now clear. The pseudo-Newton ap-
proach requires to compute 2Ne second derivatives and the
inversion of [H] is trivial. In contrast, the Newton's approach
requires NC(2NC +1) second derivatives computations and the
inversion of a 2NC X 2NC matrix.

For comparison purposes, in the FXLMS MIMO controller,
the final form of the FIR coefficient update equation is given
by10

= wsj(k) -

5 = 0, 1 j = 0, 1, . . . , Nc (21)

(20)

where wsj(k) represents the sih coefficient of the yth adaptive
filter, (Xji)k is defined as the reference signal filtered by the
transfer function between the yth control input and the /th error
sensor; 5 = 0, 1; j = 1, . . . , Nc; and Nc and Ne are the number
of control and error channels, respectively. For a MIMO con-
trol system, Eq. (21) shows that Ne X Nc transfer functions
need to be measured, and used to predict an equal number of
filtered-x signals. In addition, the step parameter //, that will
yield a stable adaptation process is inversely proportional to
the sum of the filtered-x signal power. It is clear that increasing
the number of control channels will quickly reduce both the
effective bandwidth of the multichannel controller and the con-
vergence rate.

Experimental Apparatus and Method
The approach is to experimentally implement an adaptive

feedforward active noise control system on an operational tur-
bofan engine. The system reduces the level of a tone produced
by the engine by the destructive interference of a control and
disturbance sound fields. The active control system has four
main components. A reference sensor provides a coherent sig-
nal with information on the frequency of the disturbance tone;
this signal is fed forward to the adaptive filters that generate
the control signals. Error sensors are placed in the acoustic far
field of the engine to measure the resultant noise. A schematic
of the engine, test cell, and the components of the controller
are shown in Fig. 4 and will be discussed later. In Fig. 4, a
SISO controller is shown for simplicity.

Engine and Test Cell
A Pratt and Whitney JT15D-1 turbofan engine is mounted

in a test cell at Virginia Tech. It is a twin-spool turbofan engine
with a bypass ratio of 2.7. It has a single-stage axial flow fan
with 28 blades and a centrifugal high-pressure compressor with
16 full vanes and 16 splitter vanes. There are no inlet guide
vanes. The maximum rotational speed of the low-pressure
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Acoustically Treated Walls

Error Sensor
\ 6>7D (PVDFMic.)

Fig. 4 Ttirbofan engine, test cell, and active control system ex-
perimental apparatus.

spool is 16,000 and 32,760 rpm for the high-pressure spool.
The fan has a pressure ratio of 1.5 and a hub-to-tip ratio of
0.41. The low-pressure stator assembly following the fan con-
sists of an outer stator in the bypass duct that has 66 vanes
and 71 vanes in the core stator assembly. The acoustics of this
particular engine have been substantially studied and re-
ported.11-13

The engine is equipped with an inlet control device (ICD)
mounted on the inlet. This ICD was built at Virginia Tech
using a NASA design.14 The purpose of the ICD is to minimize
the spurious effects of ground testing on acoustic measure-
ments. The engine is mounted in a test cell that is divided by
a wall so that the forward section of the test cell is a semi-
anechoic chamber where only the inlet of the engine is inside
the chamber. The walls of the semianechoic chamber are cov-
ered with 7.6-cm-thick acoustic foam that minimizes rever-
berations and minimizes the influence of the noise from the
jet of the engine.

Active Control Apparatus
Either 27 or 28 exciter rods, 0.48 cm in diameter and equally

spaced circumferentially, were placed 0.19D upstream of the
fan stage. These rods extend 27% of the length of the fan
blades through the outer casing into the flow. The wakes from
the rods interact with the fan blades producing tones that are
significantly higher in sound level than those produced without
the interactions. The purpose of the rods is to produce a spe-
cific acoustic mode. With 28 rods, a number equal to the 28
fan blades, a plane wave mode is produced although higher-
order radial modes are also generated.15 The plane wave mode
has a uniform pressure amplitude over the inlet cross section
and propagates at all frequencies beaming along the engine
axis.16 With 27 rods, the first-order circumferential spinning
modes are generated and the radiation directivity pattern of
that mode has a notch along the engine centerline.

The forward-radiated engine noise spectrum is marked by
three significant tones in the audible range, the fan blade pas-
sage frequency (BPF) tone at about 2360 Hz, the 2 BPF tone
at about 4720 Hz, and the high-pressure BPF tone at about
4100 Hz. These approximate frequencies correspond to the idle
operating condition of the engine with the low-pressure spool
at 31% of full speed and the high-pressure spool at 46% of
full speed. The engine was run at idle condition so that these
three tones would be in the audible range and, for the fre-
quencies involved, all three tones would be within the com-
putational speed requirements of the controller.

The reference signal that is required by the controller is
produced by a sensor mounted flush with the casing of the fan.
This eddy-current sensor picks up the passage of each fan
blade and provides a very accurate time history measure of the
fan BPF.

The loudspeakers attached to the circumference of the inlet
are the control sound sources. They are actuated by the con-
troller producing the control field. Two loudspeakers are at-
tached to each horn for a total of 12 horns and 24 loudspeak-
ers. The loudspeakers are commercially available 8-11 drivers
capable of 100 W on a continuous program with a flat fre-
quency response to within 2 dB from 2 to 5 kHz. The horns
have a throat diameter of 1.9 cm with an exponential flare in
the direction of flow in the inlet. The horn opening in the inlet
wall is 1.9 X 7.6 cm.

Error sensors are the last component of the active control
hardware. They measure the resultant noise of the engine and
control sound sources. The engine sound radiation pattern is
characterized by the presence of lobes and notches and can be
unsteady. The placement of point error microphones near these
lobes results in an unsteady error signal. To overcome this
problem, a large area transducer was devised that spatially av-
erages the incident sound pressure.1'3 These error sensors were
made of a polyvinyldine-fluoride (PVDF) film 7.6 cm in di-
ameter. These large-area PVDF microphones are uncalibrated
and produce a relative measurement of sound pressure level.

Experimental Results
SISO Control of the Plane Wave Mode

Twenty-eight exciter rods were installed to produce the
plane wave and higher-order axisymmetric radial modes dom-
inant mode. A SISO SDTA controller was used to control the
radiated sound at the fan BPF tone, at 2325 Hz for this specific
experiment. One PVDF error microphone was placed at a dis-
tance of 6.7 fan diameters from the inlet lip of the engine,
directly on the centerline. The PVDF error microphone is both
highpass and lowpass filtered so that the fan BPF tone is the
dominant signal. The peak level of the fan BPF tone is 81.7
dB at 2325 Hz, recalling that this is not a calibrated absolute
sound pressure level. The control algorithm usually takes be-
tween 10-30 s to converge and reduce the fan BPF tone level
by up to 17 dB.

The traverse microphone is a high-quality microphone cal-
ibrated for absolute measurement of sound pressure level
(SPL) (dB referenced to 20 /^Pa) and was placed on the engine
axis at a distance of 3.1 fan diameters. The controlled level of
the fan BPF tone was 11.9 dB lower than the uncontrolled
level at the error microphone location. A radiation directivity
plot is obtained when the traverse is swept from +90 to -90
deg around the engine inlet and the uncontrolled and controlled
levels are measured at each location (Fig. 5). A region of re-
duced SPL extends for 15 deg around the centerline location
of the PVDF error microphone. Beyond this region the con-
trolled levels are actually higher than the uncontrolled levels.
The control system is minimizing the error signal only, without
any error sensors in the off-axis region there is no effort to
reduce the tone levels in this region. Previous work2'3 has dem-
onstrated, with the FXLMS controller, that increasing the num-
ber of control channels increases the area in which the radiated
sound field can be reduced. However, the control actuators
must be coupled to the inlet acoustics in such a way that the
far-field directivities of the engine and the control actuators
match. The engine has a directivity that is strongly beamed
forward. This can be seen from the directivity labeled con-
trolled in Fig. 5 that, even though it is the directivity of the
control field with the engine on, is indicative of the directivity
produced by the control sound sources alone. As noted in Fig.
5, the directivity of the control sound sources is more uniform.
The control sources must match the high levels of the engine
on the axis where the error microphone is placed resulting in
the significant levels of spillover off-axis.
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• Traverse Mic without control • Error Mic without Control
a Traverse Mic with Control o Error Mic with Control
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Fig. 5 Radiation directivity of the axisymmetric case controlled
by a SDTA SISO controller, fan BPF tone at 2325 Hz. Engine
centerline at 0 deg.
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Fig. 6 Time history of the fan BPF tone level recorded by the
error microphone with and without control, SDTA controller used
on the axisymmetric mode case.

With the engine at a constant speed, a spectrum of the error
microphone is recorded to intervals of 20 s and the fan BPF
tone level time history is obtained with and without control as
shown in Fig. 6. For the first 9 min the controller maintains
control of the fan BPF tone. The controller is turned off and
the fan BPF tone level returns to the uncontrolled level. This
demonstrates the robustness of the controller to maintain con-
trol of the fan BPF tone over long periods of time.

SISO Control with Engine Speed Change
In the process of updating the gradient estimations, the con-

troller is measuring the system response to the perturbations
in the filter weights. In this way, the controller can take into
account the effect of any change in the system with the mea-
surement of the cost function. These changes can include angle
of attack of the engine or atmospheric changes in pressure and
temperature or, more likely, a change in the engine speed. As
the speed of the engine increases and the fan BPF increases,
the controller will update the coefficients with new system in-
formation included and maintain control (Fig. 7). The control
of both the traverse microphone and the error microphone are
measured over a change in fan BPF of almost 150 Hz.

In previous work1'3 where the FXLMS controller was used,
a system identification is required to provide the filtered-x sig-
nal. The system identification was a measurement of the trans-
fer function from the controller to error microphone. This
transfer function was modeled for only one operational engine
condition, this identification is valid only for one engine speed.
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Fig. 7 SDTA algorithm control of the fan BPF tone with change
in engine speed.

Top View

Front View

2.14D-' ICD
Fig. 8 Far-field error sensor locations for axisymmetric mode
control using 6I6O SDTA controller. Dimensions in terms of fan
diameter D.

Change in the engine speed while maintaining control of a tone
is not possible with the time-domain controller unless the
transfer function is valid for a range of operational conditions.
The ability of the TA controller to adapt to system changes
and maintain control is a significant improvement over the
FXLMS approach. This system adaptive capability is crucial
to eventual application.

6I6O Control of the Axisymmetric Mode
To minimize the off-axis spillover and increase global re-

duction of the fan BPF tone a six-channel (6I6O) control sys-
tem was developed and tested. The output from the six adap-
tive filters generate the control signals that drive the control
sources, which consist of the 12 sets of loudspeakers. Each
control signal drives a pair of these loudspeakers, with each
loudspeaker of the pair opposite to the other across the inlet
duct. For the case with the axisymmetric mode dominant, the
six far-field PVDF error sensors were located as in Fig. 8.
Distances to the error microphones are measured from the inlet
of the engine. The SDTA algorithm was used to reduce the
error signals at the fan BPF tone. The levels of reduction for
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Table 1 Error microphone reductions achieved with six-channel controllers
on axisymmetric and spinning mode cases"

Error signal reduction, dB
Experiment controller
Axisymmetric mode case

SDTAb

Spinning mode case
SDTAC

PNTAC

1

10.2

19.7
17.2

2

3.4

13.7
11.4

3

3.2

5.7
6.4

4

3.0

17.2
7.0

5

2.8

8.8
15.9

6

10.2

4.4
5.8

"The error sensor locations are different for the three experiments listed.
bFigures 8 and 9.
cFigures 10 and 11.
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Fig. 9 Radiation directivity for the 6I6O SDTA controller on the
axisymmetric mode case, for a fan BPF of 2475 Hz.

the six microphones are shown in Table 1. The radiation di-
rectivity is shown in Fig. 9, which shows far-field reduction
over a sector from +30 to -40 deg with a minimal amount
of spillover toward the sideline from 4-50 to +90 deg and
reduction toward the other sideline from -60 to -90 deg.

6I6O SDTA and PNTA Control of the Spinning Mode
The 6I6O set of experiments were carried out to control the

first-order circumferential spinning modes (1,0), (1,1), and
(1,2) produced by inserting 27 rods upstream of the 28 fan
blades. The control actuator arrangement for the 6I6O axisym-
metric mode case would produce high levels on the centerline.
However, the first-order spinning mode produces a notch in
the radiation directivity at the centerline 15 dB lower than the
peak levels found at 15-20 deg off of the centerline.

Therefore, the loudspeakers within each pair were wired
180-deg out-of-phase. This way each channel of control con-
sisting of two loudspeakers, each opposite the other across the
inlet, would produce a notch at the centerline and be able to
match the directivity of the spinning mode. The error sensor
placement is shown in Fig. 10 for the experiment using the
SDTA controller. The PNTA controller was tested with an error
configuration similar to that in Fig. 8, except that the center
four microphones were still 0.8D off the centerline, but closer
in distance from the inlet at 4.29D, making them 10 deg off
of the centerline, and the two outside microphones were still
at 25 deg but were closer at 3.8 ID. This slight change in error
microphone placement was because of the PNTA experiment
done at a slightly different BPF, which alters the directivity
slightly. Table 1 also summarizes the results for the two ex-
periments in terms of the reduction achieved at the six error
microphones.

The reduction at the six error microphones are comparable
for the two algorithms. The radiation directivity of the SDTA
controller is shown in Fig. 11. Figure 11 shows reduction at
±20 and ±30 deg with some reduction toward the sideline
areas. The PNTA algorithm experiment showed less reduction

Top View

Front View

1.28D

Fig. 10 Error sensor placement for control of the spinning mode
with the 6I6O SDTA controller.
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Fig. 11 Radiation directivity plot for the 6I6O SDTA controller,
spinning mode experiment, with fan BPF tone at 2500 Hz.

in the ±20- to ±30-deg areas, but still some reduction toward
the sideline areas. In general, using the SDTA or the PNTA
algorithm produced similar results in the far field. It is impor-
tant to note that this was not an exhaustive, detailed compar-
ison, but rather was meant to indicate a general result. Very
importantly, all three 6I6O experiments (Figs. 9 and 11) and
the PNTA algorithm showed minimal spillover as compared to
the SISO experiment. This does indicate that increasing the
degrees of freedom of the controller by increasing the number
of channels does give the controller more flexibility to match
the directivity of the engine. More improvement can be made
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with better coupling of the control actuators with the duct
acoustics by having, for example, multiple axial locations of
control actuators.

Conclusions
A time-averaged control algorithm was developed for an ac-

tive control system for the reduction of turbofan engine fan
tones. This time-averaged approach differs from the previously
used filtered-x approach primarily in that the system identifi-
cation is done implicit in the time-averaged measurements of
the system, and therefore a separate system identification pro-
cedure, required by the FXLMS approach, is not required. The
computational structure that results for the two approaches re-
sults in significant differences in their capabilities. The
FXLMS approach performs all computations in real time. The
time-average algorithm shifts a large fraction of the compu-
tations off-line, which increases the maximum bandwidth of
the controller. This becomes particularly important as the num-
ber of channels of control increases. The primary advantage
of the time-averaged controller is its ability to adapt to changes
in the system such as angle of attack, temperature, flow speed,
etc. This feature is a key to eventual application to aircraft
turbofan engine noise reduction.
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