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ABSTRACT

In active control of acoustical noise, the comhoabf feedback and adaptive feedforward
control enables broadband noise reduction. A sirophabination strategy, which is based
on an internal model feedback controller and amptwda "filtered-x least mean square”
feedforward filter, is commonly used for this puspo Although this method enables
saving of memory and calculating resources, itsfail terms of stability when the
secondary path is subject to variations. Especiallyeadset applications varying leakage
of the ear cup leads to instability in the intermaddel controller loop. To overcome this
problem we propose an alternative combination miethfoa standard feedback controller
and an adaptive feedforward filter in this papére Teedback controller was developed to
be stable under all leakage conditions. The contisinastrategy consists firstly in tuning
each controller according to the aimed frequenogea Secondly the binding structure is
realised to enable both controllers to act simeltarsly in a constructive way. The
proposed method was implemented for an active nom#rol headset using a DSP
platform and proved stability and broadband noieduction under different ear cup
leakage conditions.

1 INTRODUCTION

Today commercially available headsets with Activeidd¢ Control (ANC) are usually
based on non-adaptive, analogue, and mostly fekdt@utrol techniques. With the ever-
growing performance of digital signal processingSH) devices it became possible to
implement adaptive controller design algorithms fNC applications at a reasonable
expense-benefit ratio and the digital signal preices has increasingly been used by
researchers in this domain. Numerous publicatioict s [1][2][3] describe different active
noise controller structures and optimisation akhpons by use of either feedback or
feedforward strategies. Especially in headsetsimelltaneous use of both control strategies
can be of great benefit [1]. Some papers [4][5Sprethe outcome of combining feedforward
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and feedback control strategies. In this case]rteznal Model Control (IMC) is applied in
the feedback control loop in order to make the wemnbined control algorithms work
independently from each other, thus avoiding arigrfaring interaction. Under laboratory
conditions this way of combining the two controdigarovides rather good performance, but
on closer examination some problems occur wheedastder realistic conditions on a users
head. In the following, the difficulties of the @mhal model control in a realistic application
are discussed and a new combination method of dbéek and an adaptive feedforward
controller is presented which overcomes this proble

2 PROBLEM STATEMENT

2.1 Feedback versus Feedforward Noise Control

Active noise control systems attempt to neutralimelesired acoustic noise via some
appropriate anti-noise signal generated by a sesgrgbund source (the speaker inside the
ear cup). The noise cancellation takes effectspexified area, where an error microphone is
located.
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Figure 1: Feedback (left) and adaptive feedforweght) active noise control in a headset.
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Figure 1 presents the two main control strateglesedback and feedforward. In a
feedback structure the superposition of the namskthe anti-noise at the error microphone is
fed back to the controller. A feedforward systentamtrast attempts to create an appropriate
anti-noise signal by using an "upstream" signainfrine reference microphone mounted on
the outside of the ear cup, and uses this as fopthe controller.

The feedback controller exhibits the advantageeafclhing acceptable noise reduction
performance at a minor cost, since automatic feddloantrol can effectively be realised
non-adaptive with few analogue electrical composieReedback control of noise however
suffers from the plant latency mainly caused by #woustical transfer path from the
secondary source (the control loudspeaker) to ther enicrophone. The corresponding
transfer function includes a delay, caused by tm&tn, the anti-noise needs to propagate
from the loudspeaker to the error microphone witingl velocity. As known from the
control theory this results in a substantial phds®p at high frequencies and hence in a
decrease of the phase margin. Consequently, irbéekdsystems the ANC bandwidth is
limited to low frequencies and in existing circun@ ANC headsets no significant active
noise reduction is achieved above 400 Hz.

Feedforward strategies overcome the latency prolgmsing the "upstream” reference
signal of the outside microphone, which is intendedgive a sufficiently advanced and
coherent indication of the approaching noise. Thars,adequately designed feedforward
system can accomplish a higher frequency rang¢h#®®NC. This is a clear advantage of



the feedforward strategy. Currently, non-adaptiveedforward control strategies are
implemented in some commercial headsets such a&$MieC 45from Sennheiser electronic
which offers an active noise reduction up to 1.2 kH

So far, feedforward ANC in commercial products imited to supra-aural "open" ear
cups because of two acoustical properties: Fipgnaear cups offer only a minimum amount
of passive attenuation on the primary path (acoaistransfer function between the outside
and the eardrum). Therefore this transfer funcgbows only minor variations caused by
different fits of the ear cup due to head anato®gcond, the secondary path (acoustical
transfer function from the inside speaker to thedesn) also shows only minimum
variations. In contrast to those open ear cupspay and secondary paths in circum-aural
closed ear cups vary significantly depending onuber’s head anatomy and fitting pressure.
For this reason, it is not possible to state alsifijer transfer function for a feedforward
controller, that grants considerable attenuatiodeurthe variable conditions of a closed
headset. Nevertheless, the most effective highueregy noise attenuation can be achieved by
the passive attenuation of closed circum-aurateps.

2.2 Potential for adaptive Solutions

To yield the profit of the combination of a feedi@rd noise control and the good passive
attenuation of closed ear cups, the feedforwardrotber needs to be made adaptive to both
acoustical path changes. Adaptive algorithms aszetbre used to adapt the controller
parameters, generally for the purpose of minimizimg power of the error signal. Through
this principle, adaptive control is able to focus tbe reduction of any dominant frequency
band in the acoustical disturbing signal. This igbitonstitutes a second advantage of an
adaptive feedforward controller.

As feedforward control systems provide only limifgelformance at low frequencies, an
expedient arrangement is to assign a part of theetiéng task to a feedback controller. This
can be accomplished by a combination of non-adaggedback and adaptive feedforward
control, in which the adaptive feedforward compdnsnntended to cancel high frequencies
and to focus on specific dominant noise, whileféhelback component is designed to cancel
only low frequency noise. For this, the combinatgirategy must fulfil the condition that
each of the two controllers works independentlifsrdedicated frequency band, and that any
undesired interference between the two controlrdlgus is avoided.

3 STATE OF THE ART

3.1 Adaptive Feedforward Control

Figure 2 shows an active headset ear cup andghalgrocessing scheme of an adaptive
feedforward controller. The reference signgh) picked up by the outer reference
microphone is passed to the adaptive FNi§r). This generates the actuating variaye),
which is the input for the plar&(z). When the control loudspeaker is activated w(t), the
plant reacts with the anti-noise signih). Inside the ear cup a superposition takes pléce o
u(n) with the disturbancd(n), which arises from the primary noise source olét$he headset
propagated through the ear cup. The result ofsiinerposition is the error sigrefh), which
is picked up by the inner error microphone. Thep#da feedforward controlleiM2) is
designed as an FIR-filter (Finite Impulse Resporam®) is adapted by the well known
"Filtered-x Least Mean Square" (FXLMS) algorithn.[1

Within this algorithm, the reference signa(n) is simultaneously filtered by the
mathematical plant modef(z), producing the "filtered reference" signe(n). S(2) is a
representation of the secondary p&b), which describes the transfer behaviour from the
controller outputy(n) to the sensor signa(n), comprising, besides the acoustical, all the
electrical analogue as well as digital effects.
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The filtered reference’(n) is than used to adapt the parameters of the iRER-IM(2)
according to the update equation

wi(n +1) = W(n) + p [&(n) X (n) @)

x(n)=[x(n) x(n-1).. xX(n-L+1)|" 2)

with

and
x(n) = §(n)0x(n) 3)

wheres(n) is the impulse response of the plant md{g) in time-domain and * denotes
linear convolution. The constantsand L represent the update step and the filter length,
respectively.

3.2 Feedforward/Feedback Combination with Internal Model Control

When integrating any feedback controller within giresented feedforward scheme, the
feedforward output will pass through the feedbampland undergo some modification. It is
important to study this modification since, frome treedforward point of view, it leads to a
changing secondary path.

In Figure 3 we consider the integration of an In&rModel Control (IMC) feedback
controller within the feedforward loop. The IMC ategy is favourably applied in the
feedback control loop when it is connected to aaptide feedforward loop. The figure
shows an active headset ear cup and the signatgsiog scheme of the IMC-feedback /
adaptive feedforward combination.

The represented IMC feedback loop uses a modékgblantS(z) to calculate an estimate
a(n) of the anti-noisai(n). The difference between the superposigfm and the estimated
anti-noiseli(n) produces an estimag#n) of the primary disturbance noigdén), which is then
fed to the IMC feedback controll€ivc(2). The actuating variabkgn) now is a combination
of the feedforward controller outpwut,n(n) and the feedback controller outpit.cn). With
an accurate approximation of the disturbance ntfigeinput for the feedback controlign)
contains no output from the feedforward path ang the feedback loop does not react to the



feedforward controller output. Accordingly, frometifieedforward point of view, no changes
occur to the plant transfer function caused byptresence of the IMC feedback loop. Thus,
the plant modelS(z) stays valid for the feedforward path and no miodtfon is needed.
Hence, this combination-strategy fulfils the cormfit stated above without any need for
adjustment to the loops.
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Figure 3: Internal model control feedback — adapfeedforward combination.

Unfortunately, measurements on real subjects hawgodstrated that the secondary path
S2) is subject to significant variations, especiagused by the different leakage conditions
between a headset and the subject's heads. Thitiges an estimation error which is
subsequently amplified by the controll&yc(z), and could destabilise the closed loop
behaviour. Designing an IMC controller which avoidstability in any leakage-case, results
in poor overall noise reduction performance.

In [6] the authors reported this problem and sugge$o control the plari(z) with an
additional auxiliary standard feedback controlldricih was specifically designed to make the
secondary path less dependent on the leakage iconditus, the IMC feedback loop would
be less sensitive to the subject specificity. Ih tfre authors proposed another approach
which consists in an online identification of thecendary patlfyz) via some generated
incoherent test noise. Even though this approachnsistent, it is practically not reasonable,
since it derogates the comfort of the listener dhgilag the test noise to the loudspeaker input.
Moreover, the approach significantly burdens thengoting resources by requiring a full
online identification procedure.

4 CONTROLLER DESIGN

A standard closed loop feedback controller is nmolrist to plant changes due to leakage
variations, as it does not contain any plant maagglin its signal processing path. From our
experience we can report that a standard feedb@aukotler is more likely to ally robustness
with good noise reduction than the IMC-feedbackr Bos reason we used a standard
feedback closed-loop control for the combinatiothwine adaptive feedforward part.



As shown in Figure 4, the subordinate standard Heekl controller C(z) directly
processes the error sigregh). With this approach an emphasis is put on therad®s of any
plant model inside the signal transmission pattiheffeedback controller. The absence of this
uncertainty factor reduces the stability analysimplexity, and the controller design turns
out to be more manageable. First, for the feedlwackroller design, several plant transfer
functions were measured, each corresponding ttiexetht ear cup leakage situation. Second,
the measured plants were identified and finallpatwller was designed to offer good noise
reduction, while always remaining within the stapimargins of the closed loop control for
each plant-case.
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Figure 4: Standard feedback control — adaptivefteadrd combination.

When a feedback loop is linked to a superordindtptive feedforward controller as we
proposed in Figure 4, the output of the feedforwidtdr yiom(n) fully passes through the
feedback loop before flowing into the error sige@). Thus, from the feedforward algorithm
point of view, the closed loop transfer functi§) changes to

ga_ S(2)
S(Z) 1+S(z)ED(z) “)

S (2) constitutes the new secondary path to the fea@fiar algorithm, since it is defined
as the transfer behaviour from the outpwt.(n) of the adaptive feedforward filtéi(2) to
the signale(n) picked up by the error microphone. ThereforeFigure 4 the closed loop
transfer behaviour is modelled by a transfer fuarct§ “(2), which is used in the FXLMS
update path to filter the reference signdh) equivalent to the case of the separate
feedforward loop stated in section 3SI(2) is the estimate foB (2) as denoted in equation
(4), but using the plant moded(z) instead ofSz). Summarised, within the proposed
approach, the subordinate feedback control loajgpendently of the feedforward controller,
always presents the same transfer function frondisteirbancel(n) to the error signa(n),
which describes the noise reduction behaviour effédedback controller. The output of the
feedforward filter is affected by the presence led feedback loop, but the algorithm was
modified specifically to take this effect into aced. This allows the proposed algorithm to
fulfil the conditions set in the problem statement.

It might be criticised, that still a modé{(z) of the plant is used inside the algorithm,
although the modelling error was identified as gomancertainty factor. But the benefit of
this structure resides in the fact that the plaodetling is located exclusively inside the
FXLMS update path, which is much less sensitiventwlel uncertainty than the feedback



signal processing path. From the literature it &lwnown that the FXLMS algorithm still
converges even with modelling phase errors up tdH0

4.1 Frequency selective Adaptation

As we stated in the objectives of the combinattbe, controllers are intended to operate
on different frequency ranges. While the effectivequency range of the non-adaptive
feedback controller can be directly assessed by disign, the feedforward adaptive
algorithm needs a modification in the signal preoeg path. In fact, the adaptive
feedforward algorithm aims at minimizing a costdtional which is generally determined by
the Mean Square Error (MSE)

&(n)= Ele(n)] (5)

whereE[.] denotes the expected value. By adequate filtedf the error signad(n) one
can define any desired weighting function for tleésa reduction across the frequency range.
Thus, as shown in Figure 4, a high-pass fil###(2) is applied on the error signa(n)
propagating to the feedforward adaptation algoritimorder to attenuate low frequency
components of the cost functional. Since thisiiitg process also belongs to the secondary
path as it was defined above, the same high-ples HiP(z) must be additionally used to
bring up the filtered referencé(n). This "frequency selective adaptation” was andrtgnt
step in tuning the feedback-feedforward combinatoreach a good overall noise reduction.

Moreover, the high-pass filtering of the error sibmpropagating to the feedforward
adaptation algorithm prevents the feedforward frantn malfunctioning in a well known
problematic situation occurring in active headsé&tsat is, when movements of the ear cup
with respect to the user’'s head cause extensivdreguency (<15 Hz) pressure fluctuations
inside the ear cup. The common feedforward adapigerithm tries to react to these
pressure variations, since they are measured bgrtioe microphone, but cannot eliminate
them as there is no corresponding reference mehsutside the ear cup. Although in this
case the algorithm does not become unstable, thptattbn is disturbed, causing some
unwanted momentary loss of noise reduction. Thén-pass filtering of the error signal
removes these low frequency pressure fluctuatioos tthe cost functional of the adaptive
feedforward algorithm and prevents it from a dising reaction.

4.2  Clipping Protection

The extensive low frequency pressure fluctuatiomsde the ear cup, caused by fast
movements of a user's head can bring up a furttagm: When the feedback controller
reacts to the high amplitude at its inpg(1t), also the corresponding outpgdac{n) may get to
excessive level. If the actuating varialy@g) exceeds the operating range of the control
loudspeaker and the associated amplifying cir¢bé, speaker starts clipping and instead of
the desired anti-noise signa(n), a high level distortion noise is generated at tlkers ear.
The same problem occurs, when the headset is nsextremely noisy environment, so that
the anti-noise required for active compensatioreesls the obtainable level. In this case, the
control loop must be modified, to prevent the sgedtom clipping.

For the feedback loop, this can simply be donedalycing the feedback controller gain,
whenevelymacdn) approaches an accordant limit. In Figure 5, #wetdrReduces integrated
into the feedback loop for this purpose. In normpération,Reduceremains at value 1.0,
which means that it doesn't effect the controltapl. In extreme level situatiol®educes
automatically diminished to kegg.acdn) in the desired range. Of course, the noise restuct
effect ceases, but instead of producing distortiths best available compensation is



performed. To return to normal modeeducecontinuously trends towards the value 1.0 as
soon as the extreme level situation is over.
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Figure 5: Implementation with clipping protection.

For the adaptive feedforward controller, the probis a bit more complicated: A simple
reduction factor foryson(n) would affect the adaptation algorithm in a wayattit tries to
counteract by rising the parameters of the FIRMW(2) in order to keep the noise reduction
effect unchanged, countervailing the reduction dacfThus, for the adaptive case, the
reduction has to be done directly inside the adiyptaalgorithm. In [8] a "leak factor” is
introduced, that can be used for this purpose.aldaptation equation (1) is then extended by
the new factoLeakto

W(n+1) = LeakW(n) + 1 &)X (n) (6)

In each sampling step the former valueggn) of all FIR parameters inM(z) are
multiplied by theleak factor before using them for calculation of the nparameters
w(n + 1). In [8] the leak factor has a fixed valugktly below 1.0. For our application, we
propose to makéeak variable. Similar to theReducefactor, in normal operatioheak
remains 1.0 and does not affect the controllersi@wvn in Figure .. eakcan be diminished,
wheneveryion(n) is about to overrun its limit. This results inraduction of all FIR
parameters, also reducing the outpw(n), which is the desired effect to prevent the
speaker from clipping. Like thReducefactor Leakalso continuously trends towards 1.0 as
soon as the environmental noise allows the retunmotmal operation.

5 IMPLEMENTATION AND RESULTS

For the creation of the prototype we designed aisbbtandard feedback controller with
11 poles and 11 zeros, offering noise reductiomaftrequency range from 20 up to 200 Hz.
The filtering of the error signal considered by tlwst functional of the adaptive feedforward
algorithm was designed to shape the effective ravigde adaptive algorithm to begin at
100 Hz. The experimental realisation was fulfillesing the product series headset
SennheiseHMEC350 as an acoustical platform. The headset was congpitsd with a
reference microphone outside the ear cup. Bothbfsgddand adaptive feedforward control
were processed by a DSP at a sampling frequen2® &Hz. Analogue-digital data transfer
was accomplished by 16-bit A/D and D/A converters.



For the evaluation of noise reduction, a self cwaseéd artificial head with an ear
simulator was used. The results presented in Figunsere achieved under conditions
reproducing average ear cup / head leakage.
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Figure 6: Comparison between passive and activeeneiduction (Series HMEC350 and new prototype).

Figure 6 presents a comparison between the passige reduction of the ear cups, the
overall passive and active noise reduction of tloelpct used as acoustical platform, and the
overall noise reduction of the new prototype. Thisteng product, theHMEC35Q is based
on an analogue non-adaptive standard feedbackotientand was designed to actively
compensate for the gap of passive noise reductidovafrequencies. As stated above, to
guarantee for robustness, the controller desighieésphat the ANC effect ceases at 300 Hz.
Through the use of an added feedforward contreligr the proposed combination strategy,
the new prototype enables a higher and broader &ethaee noise reduction.

6 CONCLUSIONS

This paper details the development of an activesen@ontrol headset prototype. The
control strategy consists of combining a non-adapstandard feedback with an adaptive
feedforward controller based on the FXLMS algoritlidy use of adaptive control, it became
possible, to combine the very good passive attemuaf a closed circum-aural headset with
the benefits of the feedforward strategy activeseaasontrol, additionally to the feedback
control. For the feedback loop, a standard comrollas used, motivated by its robustness
while maintaining good noise reduction at low freqoies. The feedforward adaptive
controller applies the FXLMS algorithm and was nfiedi to take into account the effects of
the feedback loop. Finally, a high-pass filter vealsled to focus the effective range of the
feedforward part on higher frequencies. The demmatwst built during this work allows for
circum-aural ear cups to extend the effective upgaeiuency limit of the ANC from 300 Hz
to 2 kHz.
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