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(57) ABSTRACT 

An active noise cancellation controller for performing noise 
attenuation in a system over a predetermined frequency rang. 
The controller comprises several components: a ?rst input for 
a reference signal indicative of a noise level; a second input 
for receiving an error signal indicative of a remnant noise 
level; an output for providing a noise cancellation signal; a 
?xed feedback controller for processing the error signal; a 
?xed feed-forward controller for processing the reference 
signal; and an adaptive feed-forward controller having a digi 
tal adaptive ?nite impulse response ?lter arranged for opera 
tion on the reference signal the error signal. 
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ANC FOR BT HEADPHONES 

CROSS-REFERENCE TO RELATED 
APPLICATIONS 

[0001] The present application is a Divisional of US. appli 
cation Ser. No. 12/984,941 entitled “ANC FOR BT HEAD 
PHONES”, ?led Jan. 5, 2011, to which priority is claimed, 
and the entire contents of which are hereby incorporated by 
reference. 

BACKGROUND OF THE INVENTION 

[0002] This invention relates to a hybrid active noise can 
cellation controller for implementation at an integrated cir 
cuit. 
[0003] Active noise cancellation (ANC) technology has 
been developing for many years and a range of headphones 
incorporating ANC technology (also known as ambient noise 
reduction and acoustic noise cancelling headphones) are now 
available on the market. ANC headphones are however often 
larger, heavier and require a dedicated power source in com 
parison to equivalent headphones that do not provide ANC 
functionality. Such characteristics are generally viewed nega 
tively by consumers who generally want headphones to be 
small, light and the power source to last as long as possible. 
There is therefore a general desire to continue to reduce the 
size, weight and power requirements of ANC headphones 
whilst maintaining noise cancellation performance. 
[0004] There has also been a growth in recent years in the 
use of wireless headphones, such as Bluetooth headphones 
that support an A2DP pro?le. Wireless headphones require 
circuitry to support the wireless reception of audio data and a 
battery to power that circuitry. Wireless headphones are there 
fore also generally bulkier and heavier than equivalent wired 
headphones and require regular recharging. 
[0005] It would be desirable to offer ANC functionality in 
wireless headphones but using conventional technologies this 
would require adding additional circuitry providing the ANC 
functionality to wireless headphones, further increasing their 
size, weight and power requirements. There is therefore a 
need for a low-power ANC solution that can be readily incor 
porated in wireless headphones without signi?cantly increas 
ing the size and weight of the headphones. 
[0006] In particular, there is a desire to incorporate ANC 
functionality into the wireless communication controller 
present in wireless headphones. And given the recent growth 
in the sales of Bluetooth headphones, there is a particular 
desire to incorporate ANC functionality into a Bluetooth con 
troller. However, communication controllers generally do not 
have the characteristics suitable for implementing conven 
tional ANC controllersitypically there will be excessive 
delays on the digital path and low computational processing 
power. There is therefore a need for an ANC controller that 
can be implemented with low computational complexity and 
can operate at a processor or communications controller hav 
ing signi?cant delays on its digital path. 
[0007] The central idea of ambient noise reduction head 
phones is illustrated in FIG. 1, in which a microphone 101 is 
used to capture ambient noise Ni(t) inside of the ear cup 100 
that is present as a result of noise Ne(t) in the environment of 
the headphones. An anti-noise signal is produced by a loud 
speaker 102 that has the same amplitude but opposite phase to 
the captured ambient noise so as to cancel out the ambient 
noise Ni(t) in the ear cup. e(t) is the signal captured by 
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microphone, —c(t) is the ANC controller, and u(t) is the noise 
cancellation signal provided by the controller to the speaker. 
[0008] Active noise cancellation can be equated to the dis 
turbance rejection problem from control system theory, 
which is shown in FIG. 2 and described in “Automatic Con 
trol Systems”, 7th Ed. by B. C. Kuo and F. Golnaraghi, Pren 
tice Hall, N.J., 1995. Comparing FIG. 2 with the headphones 
illustration in FIG. 1, the error signal e(t) is the signal cap 
tured by microphone 101, the controller —C(s) maps onto 
controller —c(t) of the noise reduction headphones (the minus 
signal indicates a negative feedback system), the plant P(s) is 
the transfer function from the input of the loudspeaker 102 to 
the output of the microphone 101, and the disturbance d(t) in 
FIG. 2 is the ambient noise inside ofthe ear cup, Ni(t) in FIG. 
1 

[0009] Observe that the error signal output e(t) of the con 
trol system in FIG. 2 will, in the absence of the control, be 
equal to d(t) or Ni(t)ii.e. no noise attenuation is achieved. 
The transfer function (or sensitivity function) from the dis 
turbance signal to the error signal can be obtained, 
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[0010] Since the objective of this control system is good 
rejection of the disturbances, S(s) should be small, 

[0011] An appropriate controller function C(s) can there 
fore be designed by measuring plant P(s) (it is the transfer 
function from the input of the loudspeaker 1 02 to the output of 
the microphone 101). This kind of controller is known as a 
feedback (FB) controller and its analog version, which can be 
designed using control theory, is suitable for use in the ANC 
controllers of headphones. 
[0012] Broadly, there are two different arrangements used 
in commercial ambient noise reduction headphones: the feed 
back (FB) arrangement that uses a microphone 302 inside of 
the ear cup 301 as shown in FIG. 3A, and the feedforward 
(FF) arrangement that uses a microphone 303 outside of the 
ear cup 304 as shown in FIG. 3B. Generally, headphones with 
large ear cups use an FB arrangement and ear bud style 
headphones use the more compact FF arrangement (which 
does not require a microphone between the headphone 
speaker and the user’s ear). 
[0013] ANC controllers for either arrangement can be ana 
log or digital, and ?xed or adaptive. Historically, most com 
mercial ambient noise reduction headphones have used ana 
log, ?xed controllers because digital controllers that offer 
suf?ciently low delay characteristics to be useful as a digital 
ANC controller have been expensive and power hungry. For 
example, US. Pat. No. 4,455,675, describes a ?xed analog 
feedback controller for ANC headphones. 

[0014] More recently, digital controllers have become 
prevalent, such as the ?xed digital controller described in US 
Patent Application No. 2008/0310645 that can switch among 
three modes (feedback, feedforward and a hybrid feedback 
feedforward mode) in dependence on the environmental 
noise characteristics. Sony Corporation have also released a 
pair of noise cancelling headphones that use a feedback digi 
tal controller and microphone arrangementimodel MDR 
NC500D. 
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[0015] Adaptive digital ANC controllers will now be con 
sidered that employ adaptive algorithms, such as least mean 
squares (LMS) or recursive least squares (RLS) algorithms. 
Most preferably the adaptive controller is con?gured to oper 
ate in accordance with an FXLMS (Filtered-Reference Least 
Mean Squares) algorithm, such as the algorithm described in 
“Signal Processing for Active Control” by S. Elliott, Aca 
demic Press, 2001, and in “Active Noise Control Systems, 
Algorithms and DSP Implementations” by S. M. Kuo and D. 
R. Morgan, John Wiley and Sons, 1996. 
[0016] FIG. 4 is a block diagram ofa control system rep 
resenting an adaptive feedback ANC controller that uses the 
FXLMS adaptive algorithm with an adaptive ?lter and is 
suitable for use in the feedback arrangement shown in FIG. 
3A. Signal Ni(k) represents the ambient noise inside the ear 
cup 301, e(k) is the error signal generated by the internal 
microphone 302, x(k) is the “generated” reference signal, and 
u(k) is the output of the adaptive ?lter —C(k). Typically adap 
tive ?lter —C(k) is an FIR (?nite impulse response) ?lter 
whose coef?cients are set in accordance with the FXLMS 
algorithm. P(Z) represents the plant model transfer function 
from the input of the loudspeaker 303 to the output of the 
microphone 302ithis can be measured from a real-world 
system. 
[0017] Theoretical simulations of the controller can be per 
formed once the plant transfer function P(Z) of the real-world 
system being modelled has been measured (the plant transfer 
function being a mathematical representation of the con 
volved frequency responses of the loudspeaker and micro 
phone, the acoustic path between loudspeaker and micro 
phone and the characteristics of the electronics coupled to the 
microphone and loudspeaker). The convolution of plant P(Z) 
with the loudspeaker input signal (u(k)) and the superposition 
of the convolution result with the ambient noise signal Ni(k) 
represents the response of the real-world system to the ambi 
ent noise signal that naturally occurs inside the ear cup of the 
headphones. Simulations of an ANC controller can be per 
formed in numerical computing packages, such as MATLAB. 
[0018] The objective of the adaptive controller is to adjust 
the coef?cients of adaptive ?lter —C(k) in order to minimize 
error signal e(k). Adaptive algorithm FXLMS is used to 
achieve this end. The behaviour of the controller shown in 
FIG. 4 can be described by the following set of equations. 
Firstly, we de?ne e(k), 

Secondly, we de?ne how the coef?cients of the adaptive ?lter 
C(k) are updated so as to minimise the error e(k): 

where p. is the step size of the LMS algorithm and C(k) and 
X(k) are column vectors given by: 

with N representing the number of coef?cients of C(k). 
u(k), x(k) and 2(k) are given by: 

Jul. 17, 2014 

with X(k) a column vector given by: 

Generally, to simplify the algorithm it is assumed that P(Z):P 
(Z). Algorithms other than FXLMS can be used, and several 
alternatives are described in the “Signal Processing forActive 
Control” and “Active Noise Control Systems, Algorithms and 
DSP Implementations” textbooks referenced above. 

[0019] A feedforward adaptive controller will now be con 
sidered, which is also described in the “Signal Processing for 
Active Control” and “Active Noise Control Systems, Algo 
rithms and DSP Implementations” textbooks. As illustrated 
in FIG. 5, for a feedforward adaptive controller, two micro 
phones 501, 502 are generally necessary for each ear cup 500 
of the headphones: an internal microphone 502 and an exter 
nal microphone 501. 

[0020] FIG. 6 is a block diagram ofa control system rep 
resenting an adaptive feedforward controller suitable for 
implementation at the headphones of FIG. 5. The main dif 
ference compared to the feedback system is that the reference 
signal x(k) is now provided by signal Ne(k) from the external 
microphone 501. FIG. 6 identi?es a transfer function 601 
between the internal and external microphones H(Z), with the 
goal of the adaptive algorithm being to ?nd a controller given 
by, 

C(Z):—11'(Z)*P(Z)’l 

[0021] The equations describing the feedforward adaptive 
controller can be obtained from the equations describing the 
feedback adaptive controller by realising that x(k) is equal to 
the signal from the external microphone. The internal micro 
phone 502 is not shown in FIG. 6 because its presence is 
represented by e(k). 
[0022] Again, the plant model P(Z) can be obtained by 
measurement of the headphone system, which, for a digital 
system, typically includes: a digital to analog converter 
(DAC); an analog to digital converter (ADC); a DAC recon 
struction low-pass ?lter; anADC anti-aliasing low-pass ?lter; 
loudspeaker and microphone ampli?ers; the acoustic path 
between loudspeaker and microphone; and the microphone 
and loudspeaker impulse responses. 

[0023] A third variant of ANC controller is the hybrid feed 
forward-feedback controller. The combination of the feedfor 
ward and feedback type of controllers can achieve higher 
active noise attenuation than each controller type alone. 
Hybrid feedforward-feedback controllers are described in 
detail in “A New Two-Sensor Active Noise Cancellation 
Algorithm”, Proc. of the International Conference on Acous 
tic, Speed and Signal Processing, 1993; “Hybrid Feedfor 
ward-Feedback Active Control”, Proc. of the American Con 
trol Conference, Boston, 2004; and “Hybrid Active Noise 
Control System for Correlated and Uncorrelated Noise 
Sources”, Proc. of the 6th International Symposium on Image 
and Signal Processing and Analysis, 2009. 

[0024] A schematic diagram of headphones implementing 
a hybrid feedforward-feedback controller are shown in FIG. 
7. The headphones comprise internal and external micro 
phones 701 and 702, respectively, within each headphone cup 
700. The arrangement of the feedback and feedforward ?lters 
with respect to the inputs from the microphones and the 
output to the loudspeaker is shown in the ?gure. 
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[0025] An adaptive hybrid feedforward-feedback control 
ler embodying the FXLMS adaptive algorithm is presented as 
a control system in FIG. 8. Both the feedback controller 
C_fb(k) and the feedforward controller C_ff(k) are adaptive 
?lters whose coef?cients are determined in accordance with 
the FXLMS algorithm. The aggregate controller arrangement 
can be seen to be a combination of the feedback controller 
shown in FIG. 4 and the feedforward controller shown in FIG. 
6. 
[0026] ANC controllers can be either analogue or digital. 
For digital controllers, the delay on the digital path (which 
forms part of the plant model) is critical to the performance of 
the controller. Typically, the main contribution to the delay is 
from the digital signal processor (DSP). If the digital path 
presents a large delay, the controller will not be able to cancel 
a broadband signal but it can still cancel periodic signals, such 
as tones of ?xed frequency. Such considerations led to the 
development of feedback hybrid analogue-digital controllers, 
which use an analogue ?xed feedback controller and a digital 
adaptive feedback controller. Examples of this type of con 
troller are set out in “Feedback control sound”, a PhD thesis 
by B. Rafael of University of Southampton, 1997, and in “A 
Robust Hybrid Feedback Active Noise Cancellation Headset” 
byY. Song et al., IEEE Trans. On Speech and Audio Process 
ing, Vol. 11, No. 4, July 2005. These controllers can handle 
both broadband input signals and periodic input signals, with 
an analogue controller being used to attenuate the broadband 
signals (analogue ?lters having a short delay can be readily 
constructed) and a digital controller being used to attenuate 
the periodic input signals. 
[0027] FIG. 9 shows a block diagram of the general struc 
ture of a typical feedback hybrid analogue-digital controller. 
A microphone 101 and a loudspeaker 102 are con?gured at a 
pair of headphones as shown in FIG. 1. The signal from the 
microphone is ampli?ed at pre-amp 903 to form error signal 
e(k), which is provided to both the analogue signal path and 
analogue controller 908, and to the digital signal path. The 
digital signal path comprises an anti-aliasing low-pass ?lter 
904, an analogue-to-digital controller (ADC) 907, DSP digi 
tal controller 906, digital-to-analogue controller (DAC) 905 
and reconstruction low-pass ?lter 901. The signals from the 
digital and analogue paths are combined at 909 and provided 
to a power-amp 902 that drives loudspeaker 102. 
[0028] Various types of conventional ANC controller have 
been described above. However, none of these basic control 
ler types provide an ef?cient, low-complexity solution that 
offers excellent ANC performance yet is suitable for incor 
poration at a low power processor or communication control 
ler that may include a signi?cant delay on the digital path. 

SUMMARY OF THE INVENTION 

[0029] According to a ?rst aspect of the present invention 
there is provided an active noise cancellation controller for 
performing noise attenuation in a system over a predeter 
mined frequency range, the active noise cancellation control 
ler comprising: a ?rst input for receiving a reference signal 
indicative of a noise level; a second input for receiving an 
error signal indicative of a remnant noise level; an output for 
providing a noise cancellation signal to a system in which 
noise attenuation is to be performed; a ?xed feedback con 
troller having a ?xed in?nite impulse response ?lter arranged 
for operation on an error signal received at the second input; 
a ?xed feedforward controller having a ?xed in?nite impulse 
response ?lter arranged for operation on a reference signal 
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received at the ?rst input; and an adaptive feedforward con 
troller having a digital adaptive ?nite impulse response ?lter 
arranged for operation on a reference signal received at the 
?rst input and on an error signal received at the second input, 
the coef?cients of the digital adaptive ?lter being determined 
by: in the frequency domain, independently generating a set 
of initial coef?cients for each of a plurality of subbands into 
which the predetermined frequency range is divided, said sets 
of initial coef?cients being generated in accordance with a 
predetermined adaptive algorithm; and transforming said sets 
of initial coef?cients into the time domain for use as the said 
coef?cients of the digital adaptive ?lter; wherein the ?xed 
feedback controller, ?xed feedforward controller and adap 
tive feedforward controller are arranged to, in use, provide a 
noise cancellation signal at the output in dependence on a 
reference signal received at the ?rst input and an error signal 
received at the second input. 
[0030] The adaptive feedforward controller preferably fur 
ther comprises: a ?rst Discrete Fourier Transform unit oper 
able to form a frequency domain representation of a reference 
signal received at the ?rst input; and a second Discrete Fourier 
Transform unit operable to form a frequency domain repre 
sentation of an error signal received at the second input; 
wherein the predetermined adaptive algorithm is con?gured 
to generate the initial coef?cients using frequency domain 
representations of error and reference signals so formed at the 
?rst and second Discrete Fourier Transform units. 
[0031] Preferably, the ?rst and second Discrete Fourier 
Transform units are con?gured to, on forming a frequency 
domain representation, generate a set of parameters for each 
subband of the predetermined frequency range, the param 
eters of a subband being frequency domain representations of 
the error and reference signals in that subband. 
[0032] Preferably, the adaptive feedforward controller fur 
ther comprises a third Discrete Fourier Transform unit oper 
able to transform initial coef?cients generated by the prede 
termined adaptive algorithm into the time domain for use as 
the said coef?cients of the digital adaptive ?lter. 
[0033] Preferably, the third Discrete Fourier Transform 
unit is con?gured to use an inverse Fast Fourier Transform 
algorithm. 
[0034] Preferably, the adaptive feedforward controller fur 
ther comprises a coef?cient mapping unit con?gured to, for 
each subband: form an estimate of the magnitude of an error 
signal at the second input in the subband due to the ?xed 
feedback and ?xed feedforward controllers but not due to the 
adaptive feedforward controller; and if the estimate of the 
magnitude of the error signal at the second input in the sub 
band is greater than the magnitude of an error signal at the 
second input due to the ?xed feedback and ?xed feedforward 
controllers and the adaptive feedforward controller: provide 
the set of initial coef?cients of the subband to the third Dis 
crete Fourier Transform unit for conversion into the time 
domain; and otherwise: set the initial coef?cients of the sub 
band to zero and provide the zeroed initial coef?cients to the 
third Discrete Fourier Transform unit. 
[0035] Preferably, the adaptive feedforward controller is 
con?gured to, for each subband and from a reference signal 
received at the ?rst input, form said estimate of the magnitude 
of an error signal at the second input in the subband due to the 
?xed feedback and ?xed feedforward controllers in depen 
dence on, ?rstly, a stored transfer function that relates a ref 
erence signal received at the ?rst input to an error signal 
received at the second input and, secondly, a stored plant 
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function that relates a combined output of the ?xed feedback 
and ?xed feedforward controllers to an error signal received 
at the second input, the transfer function and plant function 
being mathematical representations of a physical system in 
which the active noise cancellation controller is con?gured to 
perform noise attenuation. 

[0036] Preferably, the active noise cancellation controller 
further comprises ?rst and second decimation units and an 
interpolation unit: the ?rst decimation unit being arranged to 
operate on a reference signal received at the ?rst input and the 
second decimation unit being arranged to operate on an error 
signal received at the second input, the decimation units being 
con?gured so as to reduce the effective sampling rate of the 
respective signals by a predetermined factor and provide the 
decimated signals to the ?rst and second Discrete Fourier 
Transform units; and the interpolation unit being arranged to 
operate on the cancellation signal generated by the adaptive 
feedforward controller so as to increase the effective sam 
pling rate of the cancellation signal by said predetermined 
factor. 

[0037] Suitably, the active noise cancellation controller is 
adapted for use at an audio device such that: the ?rst input is 
con?gured to receive a reference signal from a ?rst micro 
phone, the reference signal being representative of the level of 
acoustic noise in the environment of the headphones or audio 
headset; the second input is con?gured to receive an error 
signal from a second microphone, the error signal being rep 
resentative of the level of acoustic noise remaining at the 
second microphone as a result of the operation of the active 
noise cancellation controller; and the output of the active 
noise cancellation controller is con?gured to provide a noise 
cancellation signal to a loudspeaker so as to cause the loud 
speaker to perform acoustic noise cancellation at the second 
microphone. 
[0038] Suitably, the audio device is a pair of headphones or 
an audio headset. Preferably, the ?rst microphone is located 
on the exterior of the pair of headphones or audio headset and 
the second microphone is located substantially between the 
loudspeaker and an audio port adapted for engagement with a 
human ear and arranged to, in use, convey acoustic signals 
generated at the loudspeaker to a human ear so engaged. 

[0039] The predetermined adaptive algorithm could be a 
least mean squares (LMS) or recursive least squares (RLS) 
algorithm, and is preferably a Filtered-Reference Least Mean 
Squares algorithm. 
[0040] Preferably, the subbands cover collectively in fre 
quency the predetermined frequency range. Preferably, the 
frequency range of each subband is signi?cantly less than the 
predetermined frequency range. Preferably, the frequency 
range of each subband is at least one order of magnitude less 
than the predetermined frequency range, and is preferably 40 
times less than the predetermined frequency range. Suitably, 
the predetermined frequency range is approximately 1000 HZ 
and the frequency range of each subband is approximately 25 
HZ. Preferably, adjacent subbands do not overlap in fre 
quency. 

[0041] Preferably, the ?xed in?nite impulse response ?lters 
of the ?xed feedback controller and the ?xed feedforward 
controller are digital ?lters. 

[0042] According to a second aspect of the present inven 
tion there is provided an integrated circuit comprising a wire 
less communications controller and an active noise cancella 
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tion controller as claimed in any preceding claim. Suitably, 
the wireless communications controller is a Bluetooth con 
troller. 

[0043] According to a third aspect of the present invention 
there is provided a method for calculating ?lter coef?cients 
for use in one or more digital ?xed in?nite impulse response 
?lters of an active noise cancellation controller, each digital 
?xed in?nite impulse response ?lter being a ?lter of a prede 
termined order, the method comprising the steps of: model 
ling the active noise cancellation controller as a control sys 
tem in a numerical computing environment, each of the one or 
more digital ?xed in?nite impulse response ?lters of the 
active noise cancellation controller being replaced with a 
respective adaptive ?nite impulse response ?lter; providing a 
simulated noise signal to the model of the active noise can 
cellation controller, the simulated noise signal being repre 
sentative of the environmental noise experienced by the active 
noise cancellation controller in use; operating the model of 
the active noise cancellation controller on the simulated noise 
signal so as to cause the ?lter coef?cients of the one or more 

adaptive ?nite impulse response ?lters to each converge on a 
set of ?rst optimum ?lter coef?cients; and converting each set 
of ?rst optimum ?lter coef?cients into a set of ?lter coef? 
cients for the respective ?xed in?nite impulse response ?lter 
in dependence on the predetermined order of the respective 
?xed in?nite impulse response ?lter. 

[0044] Preferably, the method further comprises: prior to 
converting each set of ?rst optimum ?lter coef?cients into a 
set of ?lter coef?cients for the respective ?xed in?nite 
impulse response ?lter, converting each set of ?rst optimum 
?lter coef?cients into a set of ?lter coef?cients for an adaptive 
in?nite impulse response ?lter; replacing each of the one or 
more adaptive ?nite impulse response ?lters in the model of 
the active noise cancellation controller with a respective 
adaptive in?nite impulse response ?lter; operating the model 
of the active noise cancellation controller on the simulated 
noise signal so as to cause the ?lter coef?cients of the one or 
more adaptive in?nite impulse response ?lters to each con 
verge on a set of second optimum ?lter coef?cients; and 
converting each set of second optimum ?lter coef?cients into 
a set of ?lter coef?cients for the respective ?xed in?nite 
impulse response ?lter in dependence on the predetermined 
order of the respective ?xed in?nite impulse response ?lter. 

[0045] Preferably, the simulated noise signal includes both 
broadband and periodic signals. Preferably, the adaptive ?nite 
impulse response ?lters and the adaptive in?nite impulse 
response ?lters are con?gured to operate in accordance with 
one of the following adaptive algorithms: a Least Mean 
Squares algorithm and a Recursive Least Squares algorithm. 

DESCRIPTION OF THE DRAWINGS 

[0046] The present invention will now be described by way 
of example with reference to the accompanying drawings, in 
which: 

[0047] FIG. 1 is a schematic diagram of an ambient noise 
reduction headphone. 
[0048] FIG. 2 is a block diagram of the disturbance rejec 
tion problem. 
[0049] FIG. 3A is a schematic diagram of an ambient noise 
reduction headphone having a feedback arrangement. 
[0050] FIG. 3B is a schematic diagram of an ambient noise 
reduction headphone having a feedforward arrangement. 
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[0051] FIG. 4 is a block diagram ofa control system rep 
resenting an adaptive feedback controller for the headphone 
of FIG. 3A. 
[0052] FIG. 5 is a schematic diagram of a practical ambient 
noise reduction headphone having a feedforward arrange 
ment. 

[0053] FIG. 6 is a block diagram ofa control system rep 
resenting an adaptive feedforward controller for the head 
phone of FIG. 5. 
[0054] FIG. 7 is a schematic diagram of an ambient noise 
reduction headphone having a hybrid feedforward-feedback 
arrangement. 
[0055] FIG. 8 is a block diagram ofa control system rep 
resenting an adaptive hybrid feedforward-feedback control 
ler for the headphone of FIG. 7. 
[0056] FIG. 9 is a block diagram of the general structure of 
a hybrid analogue-digital controller. 
[0057] FIG. 10 is a block diagram of a control system 
representing a combined ?xed hybrid feedforward-feedback 
controller and adaptive feedforward controller con?gured in 
accordance with the present invention. 
[0058] FIG. 11 is a block diagram of a control system 
representing an ANC controller con?gured in accordance 
with preferred embodiments of the present invention. 
[0059] FIG. 12 is a block diagram illustrating a control 
system con?gured to estimate the error signal for the sub 
bands of the adaptive feedforward ?lter. 
[0060] FIG. 13 is a schematic diagram of a headphone 
implementing an ANC controller con?gured in accordance 
with the present invention. 
[0061] FIG. 14 shows the noise attenuation performance in 
dB of a simulated ANC controller con?gured as set out in 
FIG. 11. 
[0062] FIG. 15 is a block diagram of a control system 
representing an ANC controller con?gured in accordance 
with the most preferred embodiments of the present inven 
tion. 
[0063] FIG. 16 shows the noise attenuation performance in 
dB of a simulated ANC controller con?gured as set out in 
FIG. 15. 
[0064] FIG. 17 is a schematic diagram of anANC controller 
con?gured in accordance with the present invention. 

DETAILED DESCRIPTION OF THE DRAWINGS 

[0065] The following description is presented to enable any 
person skilled in the art to make and use the invention, and is 
provided in the context of a particular application. Various 
modi?cations to the disclosed embodiments will be readily 
apparent to those skilled in the art. 
[0066] The general principles de?ned herein may be 
applied to other embodiments and applications without 
departing from the spirit and scope of the present invention. 
Thus, the present invention is not intended to be limited to the 
embodiments shown, but is to be accorded the widest scope 
consistent with the principles and features disclosed herein. 
[0067] The present invention relates to an active noise can 
cellation (ANC) controller. The novel ANC controllers 
described herein may be employed in any device, vehicle or 
structure in which noise cancellation may be required or 
advantageous and are not limited to use in headphones, wire 
less or otherwise. For example, anANC controller con?gured 
in accordance with the present invention could be arranged 
for use in aircraft, automobiles, submarines, or in any other 
vehicle, building or space so as control the noise level expe 
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rienced by the occupants by means of one or more loudspeak 
ers con?gured to generate an “anti-noise” signal. 
[0068] A block diagram of a control system representing an 
ANC controller con?gured in accordance with the general 
principles of the present invention is shown in FIG. 10. The 
aggregate ANC controller shown in the ?gure employs a ?xed 
feedforward controller C_ff(Z) 1001, a ?xed feedback con 
troller C_fb(Z) 1002 and an adaptive feedforward controller 
FIR_C_ff(k) 1004. C_ff(Z) and C_fb(Z) are arranged so as to 
form a ?xed hybrid feedforward-feedback controller for the 
attenuation of broadband noise, and FIR_C_ff(k) is arranged 
so as to attenuate periodic or tonal signals. The ?lters are 
preferably digital ?lters. 
[0069] The controllers 1001, 1002 of the hybrid feedfor 
ward-feedback controller are in?nite impulse response (IIR) 
?lters, for example, digital 4th-order IIR ?lters. The adaptive 
feedforward controller 1004 is a ?xed impulse response (FIR) 
?lter whose coef?cients are determined in accordance with a 
subband adaptive algorithm as described below. The outputs 
from the three controllers y_ff(k), y_fb(k) and y_ff_adap(k) 
(from the ?xed IIR feedforward ?lter, the ?xed IIR feedback 
?lter, and the adaptive feedforward FIR ?lter, respectively) 
are combined to form aggregate controller output y(k). 
[0070] The coef?cients of the adaptive feedforward con 
troller are determined in accordance with a subband adaptive 
algorithm 1007. Preferably the algorithm is an FXLMS algo 
rithm, although it could be any suitable algorithm known in 
the art. Blocks 1005 and 1006 are DFT (Discrete Fourier 
Transform) ?lter banks con?gured to operate on a predeter 
mined set of frequency subbands of the time-varying signals 
x(k) and e(k), respectively. Each DFT ?lter bank generates a 
set of frequency representations of the respective time-vary 
ing signal, one representation for each subband. The subband 
adaptive algorithm 1007 operates independently on each sub 
band so as to generate a set of coef?cients for FIR ?lter 1004 
that minimise the error signal in each subband. For example, 
if an FXLMS algorithm is being used, the subband adaptive 
algorithm generates a set of coef?cients that minimize the 
mean squares error (MSE) in each subband. 
[0071] Since subband adaptive algorithm 1007 generates a 
set of coef?cients expressed in the frequency domain and FIR 
?lter 1004 operates using a set of coef?cients expressed in the 
time-domain, coef?cient translator 1003 is con?gured to 
translate the coef?cients generated by subband adaptive algo 
rithm 1007 into a set of coef?cients suitable for FIR ?lter 
1004 and map those coef?cients into ?lter 1004. In this man 
ner, when FIR ?lter 1004 operates on signal x(k), it acts to 
minimise the error in each subband de?ned by DFTs 1005 and 
1006. 
[0072] The bandwidth of each subband is preferably sub 
stantially less than the total bandwidth of the signals that are 
to be noise-cancelled. For example, for an ANC controller 
con?gured to provide noise cancellation over the frequency 
range 20-1000 HZ (which might be suitable for a pair of 
noise-attenuation headphones that can operate over a total 
bandwidth of 20 HZ-20 kHZ) the width of the subbands would 
preferably be around 25 HZ. For a signal having a sample rate 
of 48 kHZ and for a target subband width of around 25 HZ, a 
DFT ?lter bank with 2048 subbands is necessary. 
[0073] By minimising the error on a subband basis, the 
present invention avoids the poor signal attenuation that can 
occur at particular frequencies when an adaptive ?lter algo 
rithm is con?gured to minimise the full-band error. This 
invention recognises that, by simply minimising the full-band 
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error, the error within certain subbands can actually increase 
when the full-band error is minimised. 
[0074] The present invention combines both a ?xed hybrid 
feedforward-feedback controller with an adaptive feedfor 
ward controller implemented as a subband adaptive ?lter. 
This allows the effective cancellation of both broadband and 
period noise even when the ANC adaptive controller is imple 
mented at processors that are not optimised for noise attenu 
ation algorithms and present a signi?cant delay on the digital 
path. An adaptive digital feedforward controller is preferably 
used instead of an adaptive digital feedback controller 
because the latter generally exhibits poor attenuation of 
broadband noise when there is a signi?cant delay on the 
digital path. Adaptive digital feedforward controllers do not 
typically suffer from such poor performance with respect to 
broadband noise and are relatively more robust. However, in 
the particular example of ANC headphones, because the 
internal and external microphones are close together it should 
be noted that a short delay is maintained on the controller path 
so as to achieve acceptable broadband noise attenuation at 
both controllers of the hybrid controller. In less preferred 
embodiments of the present invention the adaptive digital 
feedforward controller could be replaced with an adaptive 
digital feedback controller also implemented as a subband 
adaptive ?lter. 
[0075] It is advantageous if the coef?cients of the IIR ?lters 
1001 and 1002 are determined in accordance with the follow 
ing method: 

[0076] 1. Model the hybrid feedforward-feedback con 
troller using adaptive FIR ?lters in place of the ?xed IIR 
?lters, the FIR ?lters being con?gured to minimise the 
full-band error in a simulated noise signal in accordance 
with the FXLMS algorithm. The noise signal preferably 
includes both broadband and periodic signals so as to 
re?ect the environment in which the ANC controller is 
likely to be used. For example, for a pair of headphones 
the simulated noise signal could be a recording of air 
craft cabin noiseithis is provided as reference signal 
x(k) and error signal e(k). 

[0077] 2. Allow the coef?cients of the FIR ?lters to con 
verge, i.e. to approach values that minimise the error 
signal representing the noise that is not cancelled by the 
active noise cancellation controller and remains at 
microphone 1302. 

[0078] 3. Transform the adaptive FIR ?lters into ?xed 
IIR ?lters of the desired ?lter order using the coef?cients 
determined for the FIR ?lters. 

Step 3 can be, for example, performed in MATLAB using the 
following functions: 

[11, W] :frqu(FIRb, l ,FFT size) 

[b, a] :invfreqz(h, W, bOrder,aOrder) 

where FIRb is a vector representing the polynomial coef? 
cients of the transfer function of the FIR ?lter (the denomi 
nator of an FIR ?lter is l) and h and w are frequency response 
and angular frequency vectors, respectively, of the FIR ?lter. 
The invfrqu function then yields the numerator and denomi 
nator polynomial coef?cients b and a, respectively, for the IIR 
?lter for the chosen orders for the numerator and denominator 
polynomials, bOrder and aOrder. The IIR ?lter is therefore 
represented by the vectors b/a. Preferably the IIR ?lters are 
fourth-order IIR ?lters and the parameters bOrder and aOrder 
are selected so as to cause fourth-order ?lter parameters to be 
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[0079] In order to further improve the performance of the 
?xed IIR ?lters, the coef?cients of the IIR ?lters can be 
re?ned using an adaptive IIR algorithm: 

[0080] 4. Model the hybrid feedforward-feedback con 
troller using adaptive IIR ?lters in place of the ?xed IIR 
?lters, the initial values for the coef?cients of the IIR 
?lters being those obtained from the FIR to IIR ?lter 
transformation at step 3. As is well known in the art, 
adaptive algorithms for the adaptive IIR ?lters are 
selected according to the characteristics of the system in 
which the ?lter is being used. For example, the adaptive 
algorithms could be least mean squares (LMS) or recur 
sive least squares (RLS) algorithms. Several different 
adaptive algorithms and their uses are described in Sec 
tion 9.5.1 of “Adaptive Filtering: Algorithms and Prac 
tical Implementation” by P. S. R. DiniZ, Prentice Hall 
and in US Patent Application No. 2000/ 3 10,645. 

[0081] 5. Allow the coef?cients of the IIR ?lters to con 
verge and use these re?ned coef?cients as the coef? 
cients of the ?xed IIR ?lters. 

[0082] The modelling method set out above can be per 
formed in a numerical computing environment, such as MAT 
LAB. 

[0083] A block diagram of a control system representing an 
ANC controller con?gured in accordance with the present 
invention and having a preferred subband adaptive feedfor 
ward controller arrangement is shown in FIG. 11. The sub 
band adaptive feedforward controller arrangement comprises 
controller 1004, coef?cient translator 1003, subband adaptive 
algorithm 1007, and DFTs 1005 and 1006. The ?gure shows 
the subband adaptive algorithm in an expanded view so as to 
illustrate the subband ?lter coef?cients Cal-(n) determined for 
each subband by the algorithm. The ?gure also shows that 
coe?icient translator 1003 comprises coef?cient mapping 
algorithm 1101 and inverse FFT (Fast Fourier Transform) 
1102. 

[0084] The coef?cients Cal-(n) generated by the subband 
adaptive algorithm 1007 are updated according to the follow 
ing equation: 

where Cal-(n) is a column vector with R coef?cients of the i-th 
FIR subband adaptive ?lter; Xi(n) is a column vector holding 
the last R samples of xi(n) generated by DFT ?lter bank 1005; 
[Ll-(n) is the step size of the i-th subband adaptive ?lter; and ‘ * ’ 
represents the conjugate value of Xi(n). Due to the use of the 
DFT ?lter banks 1005 and 1006, xi(n), ei(n) and Cal-(n) are 
complex values. 
[0085] In order to obtain the full band adaptive ?lter 1004, 
it is necessary to perform an inverse Fourier transform on the 
set of coef?cients Cal-(n). 
[0086] In order to determine which subband ?lter coef? 
cients Cal-(n) should be mapped to obtain the ?lter 1004, the 
error signal ei'(k) achieved by the hybrid feedforward-feed 
back ?lters 1001 and 1002 alone must be determined. This is 
because the coef?cients Cal-(n) are only mapped into ?lter 
1004 if they provide an improvement in noise attenuation; 
coef?cients that do not improve noise attenuation are not 
used. In order to determine whether there is an improvement 
in noise attenuation due to the adaptive ?lter, the error pro 
vided by the hybrid controller alone ei'(k) has to be estimated 
and compared with ei(k), which is the net error signal due to 
all the ?lters. 
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[0087] The error signal ei'(k) can be calculated if the trans 
fer function between the two microphones FI(Z) 1201 of the 
physical system is known. Once the transfer function 1201 
between the internal 1302 and external 1301 microphone has 
been measured, the control theory representation of the ANC 
controller in FIG. 12 tells us that the error estimates e'l.(n) are 
given by the output of DFT ?lter bank 1006. In other words, 
by modelling the control system shown in FIG. 12 when 
transfer function 1201, the plant function and the coef?cients 
of the ?xed IIR ?lters are known, the subband error estimates 
ei'(n) can be calculated. Note that F(Z) shown in the ?gures is 
the Z-transform of the plant impulse response P(n). 
[0088] In preferred embodiments of the present invention, 
the adaptive feedforward controller is con?gured to form an 
estimate of the error in each subband due to the hybrid feed 
forward-feedback controller alone in accordance with the 
control theory representation in FIG. 12 and using the input 
signal from the external microphone, ne(k). In other words, 
the adaptive controller calculates error estimates e'l-(k) from 
input ne(k) according to a stored transfer function H(Z), a 
stored plant function P(Z), and the known ?lter coef?cients of 
the hybrid controller. 
[0089] Such calculations could be performed at a DSP 
(digital signal processor) of the ANC controller. 
[0090] In order to maximise noise attenuation and to avoid 
instability of the system due to divergence of the subband 
adaptive ?lters, it is advantageous if the following coef?cient 
mapping algorithm is used based on a comparison of the 
measured error ei(k) and the estimated hybrid error e'l-(k) in 
each subband. For each subband is 

[0091] 1. if the net error in the subband ei(n) is smaller 
than the estimated error in the subband e'l-(n) that is 
achieved by the hybrid feedforward-feedback controller 
alone, map the respective coef?cients Cal-(n) into FIR 

[0092] 2. otherwise, set the coef?cients Cal-(n) of the 
digital ?lter for that subband to zero. 

[0093] An ANC controller con?gured in accordance with 
the present invention could be implemented at a pair of head 
phones so as to attenuate the level of environmental acoustic 
noise perceived by a user of the headphones. A schematic 
diagram of one-half of a pair of headphones arranged to 
include an ANC controller of the present invention is shown 
in FIG. 13. The ?gure shows the basic relationship between 
the inputs from the internal and external microphones 1302, 
1301, the output from the speaker 1303, and the three digital 
?lters C_ff_adap (k), C_ff(Z) and C_fb (Z) of the ANC control 
ler. The headphones include two microphones arranged in the 
manner shown in FIG. 5, with one internal microphone 1302 
within each headphone cup 1300 and an external microphone 
1301 mounted on the exterior of each headphone cup. 
[0094] The control system shown in FIG. 11 that represents 
the preferred embodiment of the present invention was simu 
lated in MATLAB and the results of its operation on a refer 
ence noise signal are shown in FIG. 14, along with the equiva 
lent performance of the hybrid feedforward-feedback 
controller alone. The noise signal ne(k) or x(k) provided to the 
simulation was in the form of a recording of aircraft cabin 
noise combined with a 300 HZ sine wave. The coef?cients of 
the ?xed IIR ?lters of the hybrid feedforward-feedback con 
troller were determined in accordance with the method 
described above, and the adaptive feedforward controller was 
con?gured to operate in accordance with the coef?cient map 
ping algorithm describe above once the subband error esti 
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mates ei'(n) due to the hybrid feedforward-feedback control 
ler had been determined in accordance with FIG. 12. 
[0095] FIG. 14 shows the level of noise attenuation in dB 
over the frequency range 0-1000 HZ of the hybrid controller 
with ?xed IIR ?lters alone (solid line) and the ANC controller 
of the present invention comprising a hybrid controller with 
?xed IIR ?lters and an adaptive feedforward controller (dot 
ted line) comprising an adaptive FIR ?lter. Notice that the 
ANC controller of the present invention is much better (by 
approximately 15 dB) at rejecting the 300 HZ periodic noise 
signal than the hybrid controller alone, and in terms of broad 
band noise is at least equal to the noise rej ection performance 
of the hybrid controller alone. 
[0096] The present invention can be implemented at low 
power processors, such as communications controllers, 
because a digital ANC controller con?gured in accordance 
with the present invention is robust in the presence of delays 
and the computational complexity and memory requirements 
of the adaptive feedforward controller can be readily adapted 
to the processing power available. In order to reduce the 
computational complexity of the ANC controller, it is advan 
tageous to apply a decimation factor M so as to reduce the 
effective sampling frequency of the microphone signals 
applied to DFTs 1005 and 1006. This allows the FFT ofthe 
subband adaptive feedforward controller to be M times 
smaller yet maintain the same bandwidth. FIG. 15 shows a 
control system representing the ANC controller of FIG. 11 
implemented so as to apply a decimation factor 1501, 1502 to 
the inputs of the subband adaptive feedforward controller. 
Following application of the subband adaptive ?lter 1004 to 
the reference signal x(n), the decimation is reversed at 1503 
so as to restore the original sampling frequency of the refer 
ence signal and allow the outputs from ?lters 1001, 1002 and 
1004 to be combined. 

[0097] Most preferably the decimation factor M is 12 such 
that a microphone signal that is sampled at 48 kHZ is reduced 
to an effective sampling frequency of 4 kHZ. This allows the 
adaptive feedforward controller to attenuate periodic signals 
up to 2 kHZ which provides good performance for a pair of 
headphones. However, the decimation factor could be higher 
so as to further reduce the computational complexity and 
memory requirements of the subband adaptive ?lters, but this 
leads to a corresponding reduction in the maximum periodic 
frequency that the adaptive feedforward controller could 
attenuate. For example, if M were 24, the adaptive feedfor 
ward controller could only attenuate periodic signals up to a 
frequency of 1 kHz. 
[0098] The control system shown in FIG. 15, representing 
an ANC controller con?gured in accordance with the present 
invention, was simulated in MATLAB and the results are 
shown in FIG. 16, along with the equivalent performance of 
the hybrid feedforward-feed back controller alone. The noise 
signal ne(k) or x(k) provided to the simulation was in the form 
of a recording of aircraft cabin noise combined with a 300 HZ 
sine wave. The coef?cients of the ?xed IIR ?lters of the hybrid 
feedforward-feedback controller were determined in accor 
dance with the method previously described, and the adaptive 
feedforward controller was con?gured to operate in accor 
dance with the coe?icient mapping algorithm describe above 
once the subband error estimates ei'(n) due to the hybrid 
feedforward-feedback controller had been determined in 
accordance with FIG. 12. 

[0099] In order to simulate the real-world operation of the 
ANC controller at a processor that might not be optimised for 






