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OVERVIEW

• Background to Automotive Active Sound Control

• Local Active Noise Control with Headtracking

• Personal Sounds Zones and Privacy Enhancement



The principle of ANC
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The physical principle of ANC
• ANC relies on the linear superposition of acoustic waves to 

achieve cancellation of unwanted noise disturbances.

Unwanted primary 
disturbance

Secondary 
control 
source

Sound after 
control
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Sound Field Matching 
Requirements
• ANC requires accurate spatial and temporal matching of the primary 

and secondary sound fields.
• For 20 dB attenuation, two sinusoids must be matched to within 1 

dB in amplitude and with 10˚ in phase

1dB Amplitude error10° Phase error
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Passive control vs. Active control 

Active control of sound & vibration

Observer

ÝSound 
source

• Use of acoustic or structural actuators to cancel 
waves originating from a sound source or a 
vibrating structure. 

• Works well when the acoustic wavelength is 
long in comparison to typical dimensions

è Lower frequency solution 

Passive control of sound & vibration

ÝSound 
source

• Relies on barriers, absorption and damping

• Works well when the acoustic wavelength is 
short in comparison to typical dimensions

è Higher frequency solution 

Observer
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100Hz                              1kHz       Frequency       10kHz

General Performance Limits of Active 
Noise Control Systems
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Physical Principles of Active 
Control

[1] Lueg 1936

[2] Conover 1956
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The proposal of ANC

• The idea of ANC was first proposed in 1936 by Paul Leug [1].

• In the first drawing, a microphone is shown, M, to detect the sound field in 
a duct produced by a source, A.

• This signal is fed via a controller, V, to a loudspeaker, L, which produces a 
cancelling wave, S2.
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Early Practical ANC Systems

• Although the Leug patent is usually accredited as the invention of 
ANC, there are no records of practical implementations.

• One of the first practical demonstrations came from Olson and May 
in 1953 [2] in the form of an Electronic Sound Absorber
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The electronic sound absorber is so named because it absorbs sound or reduces the sound level by means of 
an electronic transducing system, as contrasted to conventional sound absorption by direct conversion from 
acoustical to heat energy. The electronic sound absorber consists of a microphone, amplifier, and loudspeaker 
connected so that, for an incident sound, wave and sound pressure at the microphone is reduced. Thus it will 
be seen that the electronic sound absorber is a feedback system which operates to reduce the sound pressure 
in the vicinity of the microphone. The sound pressure in the neighborhood of the microphone can be reduced 
10 to 25 decibels over a frequency range of three octaves in the low-frequency portion of the audio-range. 
The electronic sound absorber may be used to reduce the noise over a small volume, that is, spot type noise 
reducer or it may be used with an acoustical resistance to obtain a high order of sound absorption in the 
low-frequency range. 

INTRODUCTION 

HEN sound energy impinges upon a surface, it may be tacitly assumed that the energy is 
divided into three portions, namely, the incident, 
reflected, and absorbed energy. Furthermore, it may 
also be assumed that the fraction of absorbed incident 
energy is a property of the physical characteristics of the 
surface exposed to the sound. It is upon these assump- 
tions that the classical theories of sound absorption are 
based. From these theories evolved a quantity termed 
"the sound absorption coefficient of a material," which 
is the ratio of the absorbed sound energy to the incident 
sound energy. In general, the object is to obtain a large 
absorption coefficient over a wide frequency range with 
a practical material. 

All conventional sound absorbing materials are made 
of some sort of porous material. The absorption of 
sound is due to dissipation of energy incurred by 
viscosity as the sound passes through the narrow 
tortuous passages in the porous material. When this 
material is used as a surface sound absorber, the 
volume current is inversely proportional to the acousti- 
cal impedance of the material. The sound absorption is 
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the product of the square of the volume current and 
the acoustical resistance. Since the acoustical impedance 
of all practical sound absorbing materials in conven- 
tional mounting arrangements is very high in the 
low-frequency range, the resultant volume current is 
small, and as a consequence, the sound absorbing 
efficiency is poor. 

There are many applications for a sound absorber 
which exhibits high absorption efficiency in the low- 
frequency range. Some of the applications are as 
follows' the reduction of noise in spot locations in the 
vicinity of machines, in airplanes, in automobiles, and 
in trains, a direct reduction in sound output of a ma- 
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Fro. 2. Sound-pressure reduction frequency characteristic 
of a Helmholtz resonator having a volume of two cubic feet. 

chine by application of the absorber at the source of 
the noise and the absorption of sound by the use of the 
absorber similar to that of conventional materials. 

Conventional sound absorbing systems with high 
efficiency in the low-frequency range are extremely 
bulky. Therefore, conventional sound absorbing systems 
are unsuitable because the above-mentioned applica- 
tions require a compact high-efficiency sound absorbing 
system. 

The efficiency of sound absorption can be increased 
by using a resonator with the absorbing material. In 
effect, this improves the coupling between the medium 
and the absorbing material. However, the frequency 
range of high sound absorption obtained by the use of 
a resonator is confined to a fraction of an octave. 
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Furthermore, the resonator must be of considerable size 
to obtain high absorption. These two factors make the 
range of usefulness of the resonator somewhat limited 
because several resonators are needed to obtain absorp- 
tion over one or two octaves. Such a system is too 
bulky for most applications. 

There is another sound absorbing system which 
can be developed to exhibit high absorption over many 
octaves in the low-frequency range, namely, an elec- 
tronic sound absorbing system. It is the object of this 
paper to describe a sound absorbing system employing 
all electronic components. However, the first considera- 
tion will be a resonator absorber which will illustrate the 
problems of high-order sound absorption in the low- 
frequency range. 

RESONATOR SOUND ABSORBER 

The resonator sound absorber • consists of a simple 
resonant acoustical system. One type consists of a 
Helmholtz resonator with some absorbing material 
located in the cavity of the resonator, or with a cloth 
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Fro. 3. Sound-absorption coefficient frequency 
characteristic of a Helmholtz resonator. 

over the mouth to provide additional acoustical 
resistance. The acoustical performance is practically 
the same for all types of simple resonators. Therefore, 
a consideration of the performance of the Helmholtz 
type will indicate the characteristics of resonant sound 
absorbers. 

A sectional view and acoustical network of a Helm- 
holtz resonator are shown in Fig. 1. The performance of 
the system can be determined from the acoustical 
network and the constants of the system. In one 
application, the problem is to reduce the sound pressure 
over a small volume. Under these conditions, the 
acoustical resistance r A•. should be made as small as 
possible. A typical measured sound-pressure frequency 
characteristic at the mouth of the resonator is shown in 
Fig. 2. The characteristic shows that there is a reduction 
in sound pressure in the frequency range above 72 
cycles and an increase in sound pressure in the fre- 
quency range below 72 cycles. Since there is an increase 
of pressure over a certain portion of the frequency range, 

1 C. M. Harris, and C. T. Malloy, J. Acoust. Soc. Am. 24, 1 
(1952). This paper contains references to the publications of other 
investigators on the subject of resonator sound absorbers, 
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MATERIAL 

Fro. 4. The elements of an electronic sound absorber. A sectional 
view of the loudspeaker and cabinet and a schematic view of the 
microphone and amplifier. 

it is obvious that the simple resonator is not suitable for 
a free-field, spot-type sound reducer. 

When the resonator is used as a sound absorber, the 
action is somewhat different. In order to obtain the 
maximum sound absorption, the acoustical resistance 
r,• should be equal to the acoustical resistance r•2. 
This can be accomplished by selecting the proper value 
of the acoustical resistance r•2 provided by the cloth 
over the opening of the resonator. If a bank of resona- 
tors is used, so that the ultimate acoustical resistance 
r,• is obtained, the maximum efficiency of sound 
absorption will be obtained. A typical sound-absorption 
frequency characteristic of a Helmholtz resonator is 
shown in Fig. 3. An examination shows that a high 
value of sound absorption is obtained over only a very 
narrow frequency range. At least twenty resonators 
would be required to cover the frequency range from 
30 to 200 cycles with tolerably good absorption. Since 
the average cubical content of each resonator is two 
cubic feet, the total cubical content would be 40 cubic 
feet. Since a bank of resonators is required for each 
frequency, the entire assembly becomes an arrangement 
of tremendous bulk. 

ELECTRONIC SOUND ABSORBER 

The electronic sound absorber absorbs or reduces 
sound by means of an electronic transducing system, as 
contrasted to conventional absorption by direct con- 
version from acoustical energy to heat energy. Specifi- 
cally, the electronic sound absorber consists of a micro- 

CABINET 

ARTERIES 

Id•GROPHONœ • GAIN CONTROLS 
LOUDSPEAKER / SWITCH 

Fro. 5. A perspective view of the elements of the 
electronic sound absorber, 
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FIG. 13. Sectional view, schematic electrical diagram, and 
acoustical network of an electronic sound absorber. px-sound 
pressure in free space. Mx--inertance of the air load. r.4x-acous- 
tical resistance of the air load. M•-inertance of the cone and 
voice coil of the loudspeaker. C.4x-acoustical capacitance of the 
suspension system of the cone. r.4•.-acoustical resistance of the 
cloth over the apertures in the back plate. C.4•.=acoustical 
capacitance of the volume of the cabinet. r.4a=acoustical resist- 
ance of the sound absorbing material in the cabinet. p•=driving 
sound pressure in the loudspeaker. Pa- sound pressure at the 
microphone. 

is a sound pressure reducer. The system can also be 
designed so it will absorb sound. This can be done by 
designing the system so the proper phase relations are 
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ACOUSTICAL NETWORK 

Ym. 14. Sectional view, schematic electrical diagram and 
acoustical network of an dectronic sound absorber. p•=sound 
pressure in free space. M• = inertance of the air load. rA• = acousti- 
cal resistance of the air load. Ms= inertance of the cone and voice 
coil of the loudspeaker. rA,•=acoustical resistance of the screen 
covering the microphone and cone. Ms--inertance of the screen. 
Ca• = acoustical capacitance of the suspension system of the cone. 
r•t,.=acoustical resistance of the cloth over the apertures in the 
back plate. Ca•.-acoustical capacitance of the volume of the 
cabinet. raa= acoustical resistance of the sound absorbing material 
in the cabinet. p•.--driving sound pressure in the loudspeaker. 
pa TM sound pressure at the microphone. 
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Fro. 15. Test arrangement for the electronic sound absorber. 
A, B, C, and D are test locations. A. At the face of the microphone. 
B. Four inches from the face of the microphone. C. Ten inches 
from the face of the microphone. D. Twenty-four inches from the 
face of the microphone. 

obtained. However, for this application, the system 
shown in Fig. 14 is somewhat simpler in operation. 

The problem in low-frequency sound absorption is to 
provide an acoustical impedance of a relatively small 
value so that the volume current which introduces the 
sound absorption will not be limited by a high acoustical 
impedance. The electronic sound absorber provides a 
low acoustical impedance for terminating a dissipative 
acoustical impedance. The dissipative acoustical im- 
pedance is provided by the screen r As, Ms in Fig. 14. 
If a bank of electronic sound absorbers is used so that 
the ultimate acoustical resistance of r A• is obtained, 
then the inertance M• becomes practically zero. Under 
these conditions, the acoustical impedance of the screen 
should be an acoustical resistance equal to r•. Then, 
if the sound pressure P3 is zero, 100 percent absorption 
is obtained. 
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Fro. 16. Sound pressure reduction frequency characteristic 
of the electronic sound absorber at location A of Fig. 15. 
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Electronic sound absorber -
applications

ELECTRONIC SOUND ABSORBER 1135 

Performance 

The electronic sound absorber was placed in a plane- 
wave sound field as shown in Fig. 15. The pressure 
response frequency characteristics at point A at the 
face of the microphone were obtained with the amplifier 
turned on and off. The difference between these two 
characteristics gives the reduction in sound pressure due 
to the electronic sound absorber. The sound pressure 
reduction frequency characteristic at point A is shown 
in Fig. 16. It will be seen that a very high order of sound 
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Fro. 17. Sound pressure reduction frequency characteristics of 
the electronic sound absorber at locations B, C, and D of Fig. 15. 

reduction is obtained over a frequency range of more 
than three octaves. It would be practically impossible 
to obtain this order of sound reduction with a resonator 
over even a very small fraction of an octave. The 
pressure reduction frequency characteristics at various 
distances from the electronic sound absorber are shown 
in Fig. 17. It will be seen that a high value of sound 
reduction is obtained at a considerable distance. 

Applications 
There are many applications for a sound absorber 

which exhibits high sound reduction or high sound 
absorption efficiency in the low-frequency range because 
conventional sound absorbing materials exhibit very 
low absorption in this range. The sound absorption 
coefficients of a typical acoustical material as a function 
of the frequency are shown in Table I. It will be seen 

TABLE I. Absorption coefficient of a typical sound absorbing 
material, 1 ¬ inch in thickness, cemented to a wall. 

Frequency 64 128 256 512 1024 2048 4096 
Coefficient 0.08 0.14 0.42 0.99 0.74 0.60 0.50 

that the absorption coefficient is very small in the low- 
frequency range. Therefore, the sound reduction which 
can be obtained in the low-frequency range is only 
one or two decibels. It is in this range that the electronic 
sound absorber is very efficient. It is conceivable that 
the cost could be brought to a point where the electronic 
sound absorber could be used as a wall treatment for a 
room to provide absorption in the low-frequency range. 
The other application for the system is that of a spot- 
type sound reducer, that is, for reducing the sound level 
over a limited space. 

MICROPHONE 
LOUDSPEAKER 

Fro. 18. Electronic sound absorber used in an airplane or 
automobile to reduce the noise in the vicinity of the occupant's 
head. 

One application for the electronic sound absorber is in 
the form of a sound reducer in airplanes and automobiles 
where the noise level is very high in the low-frequency 
region. As pointed out above, the conventional sound 
absorbing material will not reduce the noise level in 
this frequency region to any appreciable degree. The 
electronic sound absorber can be installed on the back 
of a seat as shown in Fig. 18. In this way a sound 
reduction of 10 to 20 decibels can be obtained in the 
low-frequency range at the ears of the passenger. There 
are many other applications for a spot-type low- 
frequency noise reducer in factories, shops, and offices 
where the frequency noise level is high and the position 
of the person is fixed. For example, the application of 
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Fro. 19. Electronic sound absorber used to reduce the low- 
frequency machinery noise in the vicinity of the head of an 
operator. 
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Aircraft/Automotive local noise 
control 

Local noise control of 
machinery noise for operators

Air-conditioning system
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Fro. 20. Applications of electronic sound absorber for reducing 
the low-frequency sound output from different sound sources 
and the acoustical circuit depicting the performance of these 
systems. A. Sectional v•ews of an air conditioner output. B. End 
view of a generalized machine. C. Sectional views of a muffler for 
an internal combustion engine. D. Acoustical circuit of systems 
in A, B, and C. p• = driving sound pressure of the sound or noise 
source. z,•=acoustical impedance of the source. r,•,.=acoustical 
radiation resistance of the source. M•=inertance of the source. 
p•= radiation sound pressure. 

an electronic sound absorber in a machine shop is 
shown in Fig. 19. Here the electronic sound reducer is 
located directly above the head of the operator. 

The electronic sound absorber provides a system 
which reduces the sound pressure over a considerable 
space. This suggests applications for reducing the sound 
output of sound producing systems by acoustically 
short circuiting the acoustical generator. Three examples 
of this application of the acoustical sound absorber are 
shown in Fig. 20A, B, and C. The acoustical circuit 
which applies to all three systems is shown in Fig. 20D. 

The arrangement in Fig. 20A depicts the outlet 
portion of an air conditioning duct. It is well known 
that the sound in mid- and high-frequency ranges can 
be absorbed with high efficiency by lining the duct with 
acoustical sound absorbing material. However, the 
sound in the low-frequency range is not absorbed with 
good efficiency. As a result, the sound output in the 
low-frequency range is above the tolerable point. The 
sound output in the low-frequency range can be 
reduced by the use of an electronic sound absorber as 
shown in Fig. 20A. The sound pressure p,. at the micro- 
phone and in the vicinity of the microphone is reduced 
to a very low value. Under these conditions the sound 
output is reduced, as can be deduced from a considera- 
tion of the acoustical circuit of Fig. 20D. Measurements 
upon an air duct indicated a reduction in sound output 
from the duct approximately the same as the charac- 
teristic of Fig. 16. 

The low-frequency sound output of internal com- 
bustion engines is very difficult to reduce by the means 
of mufflers. Here again the electronic sound absorber 
can be used to reduce the sound output in the low- 

frequency range as shown in Fig. 20B. As in the preced- 
ing example, the acoustical circuit of Fig. 20D illustrates 
the action. 

The low-frequency output of many machines is very 
high and cannot be reduced to a tolerable value by the 
use of sound absorbing materials. The electronic sound 
absorber can be used to reduce the sound output as 
shown in Fig. 20C. As in the preceding example, the 
idea is to reduce the sound pressure at the sound 
generators. Since the wavelength is relatively long in 
the low-frequency range, the sound absorber exerts its 
influence to reduce the sound pressure over a large space. 
Experimental tests have indicated that a reduction 
similar to the characteristics of Figs. 16 and 17 can be 

ELECTRONIC 
SOUND 

ABSORBER 

FIG. 21. Three electronic sound absorbers located 
in the corner of a room. 

obtained. The amount of sound reduction by a single 
unit depends upon the dimensions of the noise source. 
In the case of large sources, several electronic noise re- 
ducers may be used and thereby obtain the maximum 
reduction in noise. 

The electronic sound absorber can be used in the 
same manner as conventional wall materials for the 
absorption of sound in the low-frequency range by the 
use of the system shown in Fig. 14. In order to obtain 
a high acoustical resistance load the absorbers should 
be mounted in the corner at the intersection of three 
surfaces as shown in Fig. 21. As contrasted to the 
resonant absorber with a narrow frequency range of 
sound absorption, the electronic sound absorber exhibits 
high sound absorption over a wide frequency range. 
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in A, B, and C. p• = driving sound pressure of the sound or noise 
source. z,•=acoustical impedance of the source. r,•,.=acoustical 
radiation resistance of the source. M•=inertance of the source. 
p•= radiation sound pressure. 

an electronic sound absorber in a machine shop is 
shown in Fig. 19. Here the electronic sound reducer is 
located directly above the head of the operator. 

The electronic sound absorber provides a system 
which reduces the sound pressure over a considerable 
space. This suggests applications for reducing the sound 
output of sound producing systems by acoustically 
short circuiting the acoustical generator. Three examples 
of this application of the acoustical sound absorber are 
shown in Fig. 20A, B, and C. The acoustical circuit 
which applies to all three systems is shown in Fig. 20D. 

The arrangement in Fig. 20A depicts the outlet 
portion of an air conditioning duct. It is well known 
that the sound in mid- and high-frequency ranges can 
be absorbed with high efficiency by lining the duct with 
acoustical sound absorbing material. However, the 
sound in the low-frequency range is not absorbed with 
good efficiency. As a result, the sound output in the 
low-frequency range is above the tolerable point. The 
sound output in the low-frequency range can be 
reduced by the use of an electronic sound absorber as 
shown in Fig. 20A. The sound pressure p,. at the micro- 
phone and in the vicinity of the microphone is reduced 
to a very low value. Under these conditions the sound 
output is reduced, as can be deduced from a considera- 
tion of the acoustical circuit of Fig. 20D. Measurements 
upon an air duct indicated a reduction in sound output 
from the duct approximately the same as the charac- 
teristic of Fig. 16. 

The low-frequency sound output of internal com- 
bustion engines is very difficult to reduce by the means 
of mufflers. Here again the electronic sound absorber 
can be used to reduce the sound output in the low- 

frequency range as shown in Fig. 20B. As in the preced- 
ing example, the acoustical circuit of Fig. 20D illustrates 
the action. 

The low-frequency output of many machines is very 
high and cannot be reduced to a tolerable value by the 
use of sound absorbing materials. The electronic sound 
absorber can be used to reduce the sound output as 
shown in Fig. 20C. As in the preceding example, the 
idea is to reduce the sound pressure at the sound 
generators. Since the wavelength is relatively long in 
the low-frequency range, the sound absorber exerts its 
influence to reduce the sound pressure over a large space. 
Experimental tests have indicated that a reduction 
similar to the characteristics of Figs. 16 and 17 can be 
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FIG. 21. Three electronic sound absorbers located 
in the corner of a room. 

obtained. The amount of sound reduction by a single 
unit depends upon the dimensions of the noise source. 
In the case of large sources, several electronic noise re- 
ducers may be used and thereby obtain the maximum 
reduction in noise. 

The electronic sound absorber can be used in the 
same manner as conventional wall materials for the 
absorption of sound in the low-frequency range by the 
use of the system shown in Fig. 14. In order to obtain 
a high acoustical resistance load the absorbers should 
be mounted in the corner at the intersection of three 
surfaces as shown in Fig. 21. As contrasted to the 
resonant absorber with a narrow frequency range of 
sound absorption, the electronic sound absorber exhibits 
high sound absorption over a wide frequency range. 
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ducers may be used and thereby obtain the maximum 
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shows that Nyquist 's  Stability Cri- 
terion will be violated, causing the 
system to howl furiously because 
of the gain requirements  and the 
phase rotations involved in the 
long acoustic l ink between the 
transformer-loudspeaker combina- 
tion and the microphone.  Thus  far, 
proposals to avoid this have em- 
bodied undesirable compromises 
which tend to l imit  the effective- 
ness of the system. A servo loop 
which performs the adjustment  in 
much the same manner  as would 
a h u m a n  opera tor- - that  is, by work- 
ing to reduce the average rather  
than the instantaneous noise level 
--offers another  approach to the 
problem. In  this approach,  the op- 
erator sketched in Fig. 5 is replaced 
by a black box containing appro- 
priate sensory and control devices. 
I will not go into the details of 
what to put  in the box, but  I think 
you can see that the development  
of an inexpensive system of this 
type would be quite a project. 

Ambient Noise Level 
Because of the awareness of 

potential  noise problems on the 
part  of the public utility companies, 
and the consequent care being 
exercised in t ransformer and site 
selection, most complaints are mar- 
ginal, and it is rare to have the 
t ransformer noise level above am- 
bient at the complainant 's  property.  

(This is not to say that  such com- 
plaints are unjustified, for pitched 
noises may be quite dis turbing in 
the presence of broad-band ambient  
noise of considerably higher level. 5) 
For this reason, most of  our  at- 
tempts to cancel noise had  to be 
made after midnight ,  when the am- 
bient noise was at a min imum.  
Even then the noise level was fre- 
quently so low that  it was only in- 
termittently high enough to work 
with. This,  of course, is true not 
only for h u m a n  operators, who em- 
ploy judgment  in addit ion to tuned 
circuits, but  for any automat ic  de- 
vice which must hear the noise be- 
fore it can cancel it. 

In  some cases this problem was 
overcome by placing the micro- 
phone closer to the t ransformer 
and aiming the beam of silence by 
a sort of gun-sight method.  This  
method will not work if artificial 
or natural  reflecting structures com- 
plicate the acoustical pa th  too 
m u c h .  

Multiple-Transformer Installations 
Sometimes noise comes f rom two 

or more transformers in a substa- 
tion. T h e  spacing between trans- 
formers is likely to be such that  
the combinat ion does not approxi-  
mate a point  source of sound ex- 
cept at distances which are in excess 
of 200 ft. Therefore ,  a loudspeaker 
at each transformer is required; 

and at the present state of the art, 
adjustment  of the individual  con- 
trols is difficult because of the com- 
plicated interactions involved. 

Similar considerations apply to 
single units with large reflecting 
bodies such as walls or buildings 
in the vicinity. These walls cause 
reflections which, in effect, place 
another  sound source some distance 
f rom the first. 

Multiple Complaints 
In  a few cases, complaints orig- 

inate from more than  one resident 
in the area. In  theory, it i s  pos- 
sible to provide a sufficient num- 
ber of loudspeakers at the trans- 
former  to cancel all of the radiated 
sound, but  the proper  adjustment  
of the output  of each speaker 
would be a complicated task, and 
the cost of the equ ipment  would 
be high. At the present time, the 
erection of a masonry wall either 
part ial ly or completely surround- 
ing the t ransformer is usually the 
most economical remedy.2, 4 Mr. 
Johnson described such walls and 
their  applicat ion earlier this after- 
noon. 

Field Experience in General 
Each transformer noise prob lem 

is unique. T h e  topography of the 
area, the layout of adjacent build- 

(Continued on page 92) 
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“Fighting Noise with Noise”
• In 1956 William Connover from GEC [3] 

presented a practical demonstration of an 
ANC system for the control of transformer 
noise.

• The system used a microphone to 
measure the sound level and loudspeaker 
close to the transformer was driven to 
minimise the pressure.

• This was achieved by manual adjustment 
of the secondary source magnitude and 
phase.

a 0 ~ axis arbitrari ly drawn through 
the center of the uni t  perpendicu- 
lar to the face of  its tank. T h e  out- 
put  of the sound-level meter  was 
fed to a sound analyzer tuned to 
120 cps. We  then energized the 
sound cancellation equ ipment  and 
adjusted the ampl i tude  and phase 
angle of its excitation to give a 
m i n i m u m  reading on the sound an- 
alyzer. T h e  audible effect of the 
cancellation was astonishing. Once 
the adjustment  had been made, the 
t ransformer noise could be turned 
off and on at will merely by switch- 
ing the loudspeaker on and off. 

Wi thou t  changing the loud- 
speaker adjustments,  we took sound- 
level readings at different angular  
positions at constant r;/dius with 
the speaker turned off and on. Fig- 
ure 3 shows the results graphically. 
We also made measurements at dif- 
ferent radial distances on the 0 ~ 
axis, with the results plot ted in Fig. 
4. At locations where the noise 
reduction was maximal ,  the bal- 
ance between transformer noise 
and speaker noise was rather  deli- 
cate. T h e  reduction varied between 
13 and 35 db momentar i ly  and ap- 
peared to be a function of wind 
velocity, a l though other  causes were 
probably  at least part ial ly respon- 
sible. T h e  curves in Figs. 3 and 4 
were plot ted f rom estimated aver- 
age readings. Figure 4 shows that 
cancellation extends outward until  
the ambient  noise prevents fur ther  
measurement.  

I f  the beam width of the silent 
zone is defined as that angle within 
which the sound reduction is 6 db 
or more, you can see that  the beam 
width is about  23 ~ . Beyond this 
angle, the loudspeaker did not 
add appreciably to the t ransformer 
noise in those regions where the 
original noise was comparat ively 
high. I t  did, however, tend to fill 
in the low-level regions and bring 
them up  to a fairly constant sound 
level. You can see why this is so, 
since the loudspeaker is very nearly 
a point  source which by itself puts 
out a constant sound level in all 
directions. 

Similar tests showed that  we 
could aim the beam of silence by 
electrical adjustment  alone, with- 
out  al tering the geometry of the 
loudspeaker setup. Tr ia ls  with two 

loudspeakers showed that  the beam 
width could be increased appre- 
ciably by proper  placement  of the 
speakers and adjustment  of their  
excitation. We have not devised a 
technique for opt imizing the place- 
ment  of two or more loudspeakers 
other than by trial. Tests on small- 
scale models in the Pittsfield Ane- 
choic Chamber  demonstrated the 
feasibility of using a directional ar- 
ray of four  loudspeakers to cancel 
sound in one direction without  in- 
creasing it in others. 

Quant i ta t ive results on the 
15 000-KVA transformer were ob- 
tained at 120 cps only, the other  
harmonics being substantially lower 
in level and hence difficult to meas- 
ure in the presence of the existing 
ambient  noise. However,  listening 
tests showed a distinct addit ional 
improvement  when we also can- 
celled the 360-cps tone. This  sur- 
prised us, since this tone was 15 
db below the 120-cps tone to be- 
gin with. 

T h e  results of these first tests 
were so promising that  we offered 
to try the method on actual noise 
problems in cooperation with some 
of our  util i ty customers. These 
trials soon disclosed several prob- 
lems which I will tell you about  
n o w .  

Variability in Noise Pattern of 
Transformer 
Apparent ly  the noise pat tern  of 

the 15 000-KVA unit  we used for 
our  prel iminary tests was unusually 
stable. Once adjustments for maxi- 
m u m  cancellation were made, the 
cancellation would continue for 
days at nearly m a x i m u m  effective- 
ness despite changes in ambient  
temperatures ranging f rom 23 ~ to 
40~ However,  tests at other  trans- 
former installations showed that  
many  transformers have a sound 
o u t p u t  that  varies considerably 
with time. T h e  patterns of the 
higher harmonics changed more 
rapidly than those of the lower 
ones. At a distant point,  variations 
of 6 db in an hour  have been ob- 
served. Wi th  changes of this order 
it was, of course, impossible to can- 
cel sound without  making  adjust- 
ments f rom time to t ime in the 
ampl i tude and phase angle of the 
auxiliary sound source. 

Experiences like this at several 
installations showed that  some kind 
of automat ic  adjustment  is neces- 
sary. At first glance, it would seem 
to be a simple mat ter  to design a 
feedback system to keep the signal 
at a distant moni tor  microphone 
below a specified level. Considera- 
tion of the feedback loop, however, 
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nitude and phase. A fur ther  char- 
acteristic of such a source is that 
the peak sound pressure at any 
point  is inversely propor t ional  to 
its distance f rom the source. This  
is a consequence of the Conserva- 
tion of Energy and is expressed in 
decibels as the famil iar  rule of the 
sound engineer: " - 6  db per dis- 
tance doubled."  

Suppose now that a second pul- 
sating balloon is placed in close 
proximity  to the first and, further,  
that its pulsations are main ta ined  
at the same ampli tude,  but oppo- 
site in phase to the first. In  other 
words, at an instant when the first 
balloon is fully expanded,  the sec- 
ond will be fully contracted, and 
vice versa. 

There  are several points of view 
which can be taken in analyzing 
the effect of the second source on 
the first. For example,  you may 
consider the excess pressure, aris- 
ing from expansion of the first bal- 
loon, as finding a convenient  vac- 
uum, due to the contraction of the 
second balloon, to fill. You might  
also analyze the effect of the sec- 
ond source on the radia t ion im- 
pedance of the first. However,  I 
think it is easiest to treat  each 
source independent ly  and use the 
principle of superposit ion to arrive 
at their  net effect at some distant 
point  of interest. Using this ap- 
proach, you can readily see that  if 
the two sources are close enough 
together (that is, only a small frac- 
tion of a wave length apart)  the 
radius f rom one source to some dis- 
tant point  will be essentially the 
same in terms of wave lengths as 
the radius f rom the other  source to 
the point. Therefore ,  the individ- 
ual pressures at the point  of inter- 
est will be equal  in ampl i tude  but  
opposite in sign, leaving an alge- 
braic sum of zero. 

When  separation of the sources 
becomes greater  than a small frac- 
tion of a wave length, the distances 
the sounds f rom each source must 
travel to the distant point  may dif- 
fer by an appreciable traction of a 
wave length so that  they no longer 
cancel each other. In  fact, if the dis- 
tances differ by half  a wave length, 
the sounds will add directly to each 
other and double the sound pres- 
sure which either one operat ing 

alone would produce. T h e  sound 
pat tern f rom two oppositely phased 
sources is not spherical, but  has ro- 
tational symmetry about  a line 
joining the sources. Cancellation 
will exist everywhere in a plane 
which bisects perpendicularly the 
line joining the two out-of-phase 
sources. By changing the phase of 
the second source relative to the 
first, it is possible to alter any phase 
shift due to the difference in dis- 
tance the waves must  travel to a 
given distant point.  I t  is thus 
possible to aim the zone of can- 
cellation without  re-orienting the 
sources. 

This  analysis of a simple sound 
cancellation system explains quali- 
tatively how it works. I t  is not dif- 
ficult to derive an equat ion describ- 
ing quanti tat ively the sound pres- 
sure at any distant point  in terms 
of separation and relative phase 
angle of the sources3 

The Transformer as a Sound 
Source 
A transformer is far f rom being 

a simple sound source. Sound radi- 
ates f rom a transformer because 
vibrations of the core--caused prin- 
cipally by magnetostr ict ion--are 
t ransmit ted through both the core 
mountings and the fluid cooling 
med ium to the tank, which in turn 

couples these vibrations to the sur- 
rounding air. ~ In  a 60-cycle-per- 
second transformer,  vibrat ion fre- 
quencies are multiples of 120 cps, 
and the mode of tank vibrat ion 
will in general be different for each 
frequency. Furthermore,  each mode  
of vibrat ion will seldom be sym- 
metrical or uni form around the 
tank due to its ra ther  complicated 
structure. Th is  results in a sound 
pat tern  that varies greatly from 
point  to point  around the tank. 

In  the midst of these apparent ly  
hopeless complexities there is one 
gl immer of simplicity: to a distant 
observer-- that  is, one who is sev- 
eral tank lengths away--the trans- 
former looks like a point  source of 
sound, provided that the observer 
stays on the same radial line from 
the transformer. Thus,  if you walk 
around a t ransformer at a fixed dis- 
tance f rom it, you will find large 
variations in sound level with po- 
sition; but  if you move radially out- 
ward from the transformer,  you will 
find a uni form 6-db reduction in 
sound level each t ime you double 
your distance. 2 I t  is this radial uni- 
formity which permits the opera- 
tion of sound cancellation. 

When transformer noise is meas- 
ured on the 40-db weighting net- 
work, the lower frequencies are 
de-emphasized. A characteristic of  
transformer noise that has an ira- 

FIG. 2. Acoustic sound cancellation test being conducted on a 15 000-KVA transformer. 
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The advent of DSP…

• In the 1980s, digital signal processing chips became 
available and this opened up the potential applications of 
ANC

• The systems previously proposed, such as Olson’s Electronic 
Sound Absorber and Connover’s Transformer ANC system, 
used either fixed controllers or were adjusted by hand.

• DSP allows:

– More complex fixed controllers

– Adaptive controllers

• This led to a variety of applications…



Background to Automotive 
Active Sound Control
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Active Control of Engine Noise

 Active noise and vibration control in vehicles 243
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system in a car, however, where the microphone is close to the driver’s head 
but the loudspeaker is fi tted in the door or the dashboard, d will be about 
50 cm and so the upper frequency will be about 34 Hz. The feedback system 
is thus of limited use unless either very low frequency noise is to be con-
trolled or the loudspeaker can be brought signifi cantly closer to the micro-
phone, by mounting it in the headrest, for example. Laboratory versions of 
such headrest controllers have been demonstrated (Elliott, 2001), with per-
formance up to about 300 Hz. At this frequency, however, the size of the 
zone of quiet, predicted to be one-tenth of an acoustic wavelength following 
the discussion in Section 11.2, is about 10 cm, so that signifi cant active 
control would be experienced only if the listener’s head was fairly 
stationary.

11.4 Commercial systems
Early automotive active noise systems were feedforward arrangements for 
tonal engine noise control (Elliott et al., 1988), developed as part of a 
research programme that also focused on the active control of interior noise 
in propeller aircraft (Nelson and Elliott, 1992). The physical arrangement 
of a typical feedforward active noise control system, developed in collabo-
ration with Lotus Engineering, is shown in Fig. 11.5, in which four of the 
six loudspeakers, in the dashboard and front doors, were adjusted at the 
engine fi ring frequency and its harmonics, to control the sum of the mean 

Adaptive noise
control computer

Engine speed
signal

11.5 The components of an active noise control system for engine 
noise, showing the feedforward controller deriving a reference signal 
from the engine and driving four loudspeakers at a number of engine 
orders, adjusted in amplitude and phase to minimise the sum of the 
mean-square responses at eight microphones, positioned in the roof 
lining.
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square pressures at eight microphones, mounted in the head lining. The 
A-weighted sound pressure levels at the engine fi ring frequency (second 
order for this 1.1-litre four-cylinder car) are shown in Fig. 11.6, measured 
at the front seat positions using monitoring microphones separate from the 
error microphones used by the control system. Reductions of about 10 dB 
are measured in the front seats above about 3000 rpm (a fi ring frequency 
of 100 Hz), which gave an improvement in the overall dB(A) level of 4 to 
5 dB(A). Reductions at lower speeds were measured in the rear due to the 
suppression of the fi rst longitudinal acoustic mode, which has a nodal line 
near the front passengers’ heads. Nissan fi rst put such a system into produc-
tion on a Bluebird vehicle in 1992 (Hasegawa et al., 1992), in a system which 
used loudspeakers, amplifi ers and processors separate from the audio 
system, and so was relatively expensive.

Demonstration systems were also developed for the active control of 
random road noise using feedforward techniques, with reference signals 
derived from accelerometers on the vehicle suspension and body (Sutton 
et al., 1994; Bernhard, 1995; Dehandschutter and Sas, 1998; Mackay and 
Kenchington, 2004). In order to obtain reasonable levels of active control, 
however, it was found that about six such reference signals were required. 
This is because the tyre vibration is relatively uncorrelated in its various 
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11.6 A-weighted engine second-order levels at the four seat positions 
as a function of engine speed as a small, four-cylinder car is 
accelerated along a track, without (dashed) and with (solid) the active 
control system shown in Fig. 11.5 operations.
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A-weighted SPL at the engine firing frequency for 4 seats 

• ISVR demonstrated active engine noise control in 1988 [3].

• This used a feedforward LMS algorithm.

• Broadband noise reduction of 4-5 dB(A) achieved at front seats.

• Further noise reduction at the rear 
seats due to the control of the 
cabin 1st longitudinal mode (nodal 
line at front seats)  
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Active Control of Road Noise

• In the early 1990s, the ISVR extended 
automotive active control to the road 
noise control problem [4].

• The challenge in this case relates to 
obtaining good reference signals:
• Coherent 
• Time advanced

• Performance of global control systems 
is generally limited to around 300 Hz.

 Active noise and vibration control in vehicles 245
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degrees of freedom, and reference signals have to be used for all the sig-
nifi cantly contributing sources (Sutton et al., 1994). Typical locations for 
the accelerometers used to generate the reference signals are shown in Fig. 
11.7. The A-weighted spectrum of the pressure at the driver’s ear using a 
real-time feedforward system is shown in Fig. 11.8 (Sutton et al., 1994), 
which shows that from 100 Hz to 200 Hz reductions of up to 10 dB are 
measured. The additional expense of these accelerometers has prevented 
the mass production of such feedforward active control systems for road 
noise. In 2000, however, Honda demonstrated a mainly feedback system to 
control a 40 Hz boom in the front of their Accord wagon car (Sano et al., 
2001). A fi xed feedforward system was then used to prevent the noise in 
the rear of the car being amplifi ed. This excitation was relatively narrow-
band and the microphone was placed fairly close to the loudspeakers, 
compared with the wavelength at 40 Hz, so that good performance was 
obtained in suppressing this resonant boom. Figure 11.9 shows the confi gu-
ration of the active control system, from Sano et al. (2001), and Fig. 11.10 
shows the measured spectrum at a front seat, illustrating the suppression 
of the narrowband boom at 40 Hz by about 10 dB. An important aspect of 
reducing the cost of this system, so that it could be used in mass production, 
was the integration of the loudspeakers with the audio system, although at 
that time a separate active control unit was used from the audio system, 
since a number of different audio head units were offered on this vehicle. 
It is the full integration of the active control system with the audio system 
that would make this technology affordable on many vehicles.

Z direction

X, Y, and Z tri-axial

11.7 Typical locations of the accelerometers used to obtain the six 
reference signals in a feedforward active control system for road 
noise.
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Since 2000, active engine noise systems have been introduced on vehicles 
in Honda for variable cylinder management systems (Inoue et al., 2004) and 
hybrid vehicles (Honda, 2005), and in Toyota for hybrid vehicles (Toyota, 
2008), to improve the sound quality inside the vehicle. The synthesis of 
external noise on hybrid vehicles has also been suggested in order for them 
to be safer for pedestrians (Lotus, 2008).

Systems for the active control of vibration in vehicles have tended to 
concentrate on active engine mounts, which may also reduce internal noise. 
Nissan, for example, used two electromagnetic engine mounts to reduce the 
vibration in a four-cylinder direct injection diesel in 1998 (as discussed by 
Sano et al., 2002), which used feedforward control operating from 20 Hz to 
130 Hz and a load cell on the body to provide an error signal. Figure 11.11 
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11.8 Spectrum of the A-weighted sound pressure level in a small car 
using a real-time active control system for road noise, measured at 
the driver’s ear. Vehicle speed was 60 km/h over asphalt and coarse 
chippings.
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11.9 Confi guration of the active control system in the Honda Accord 
(Sano et al., 2001).Co
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Feedback Control of Road Noise

[5] Sano et al, 1993
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MIMO Feedback Control of Road 
Noise 

Fig. 9 shows the robust stability constraint, the enhancement constraint and the open-loop stability constraint for the
feedforward (black lines) and feedback (grey lines) controllers, plotted against frequency up to the Nyquist frequency. The
first subplot in Fig. 9 shows the robustness constraint for the feedback and feedforward controllers given by Eqs. (13) and
(24) respectively. In both cases the constraint is satisfied provided that the constraint function is less than unity and it can be
seen that this is achieved for both controllers up to the Nyquist frequency. It can be seen that the two controller show a
similar level of robustness according to this metric and the suitability of this robustness constraint to practical variations in
the plant responses will be investigated further below.

The second subplot in Fig. 9 shows the disturbance enhancement constraint given by Eq. (14), which is also satisfied
since the plotted function is less than unity. From the presented results in Fig. 9 it can be seen that this constraint is also
satisfied by both controllers. However, to provide more insight into the novel disturbance enhancement constraint
described by Eq. (14), Fig. 10 shows the maximum enhancement in any of the headrest error signals, that is
max diag DðjωÞE eeðjωÞeHe ðjωÞ

! "! "# $
, against frequency. From this plot it can be seen that the maximum enhancement in the

individual pressures for both the feedforward and feedback controllers is below 6 dB at all frequencies although the
maximum enhancement for both controllers occurs at around 360 Hz and the constraint is active at this frequency. This
indicates that the proposed enhancement constraint has been effective and ensures that the enhancements in the individual
errors are limited to be below the defined value of 6 dB, corresponding to A¼ 4.

The final subplot in Fig. 9 shows the constraint functions related to the stability of the open-loop controller, which are by
Eqs. (16) and (25) for the feedback and feedforward controllers respectively. These constraint functions are once again
satisfied provided that the their values are less than unity and it can be seen that this is achieved across the full bandwidth
of the controller. To provide further insight into the open-loop stability constant, Fig. 11 shows the Nyquist plots of the
maximum eigenvalues of the open-loop responses for the two controllers. From these plots it can be seen that both the
controllers are open-loop stable, although the feedforward controller is marginally closer to instability.

The nominal performance of the two optimised controllers has been calculated, according to the cost function given by
the sum of the squared pressures measured at the headrest error microphones, using the nominal plant frequency responses

Fig. 11. The Nyquist plots demonstrating the open-loop controller stability constraint for the feedback (a) and feedforward (b) controllers. The constraint
limit is also shown by the dotted line.
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Fig. 12. The sum of the squared pressures measured by the headrest error microphones before control (—) and after control using the optimised
feedforward (—) and feedback (—) controllers. The results are plotted in decibels with respect to an arbitrary reference level.

Please cite this article as: J. Cheer, S.J. Elliott, Multichannel control systems for the attenuation of interior road noise
in vehicles, Mech. Syst. Signal Process. (2015), http://dx.doi.org/10.1016/j.ymssp.2015.01.008i
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• Road noise control system developed 
using multiple internal microphones 
as both reference and error sensors.

• Achieved comparable control levels to 
the original feedforward system with 
accel. references.

[6] Cheer and Elliott, 2015.



Local Active Control with 
Headtracking
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Local Active Noise Control

• Local control attempts to increase the upper frequency limit by 
creating a local “zone of quiet”.

• This zone is about 1/10 of an acoustic wavelength, which is equal 
to about 34 mm at 1 kHz.

[7] Elliott and Cheer, 2015
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Local ANC with Remote Sensing

• To increase the upper frequency, it is possible to use remote or 
virtual sensing methods to reposition the point of cancellation.

• Performance is, however, still limited by head movements.

[8] Moreau, Danielle, et al. "A review of virtual sensing algorithms for active 
noise control." Algorithms 1.2 (2008): 69-99.
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Combining the Remote 
Microphone Method with 
Headtracking
• Using headtracking, we can electronically reposition the virtual 

sensor location in response to head movements.

[9] Jung, Elliott, Cheer. "Combining the remote microphone technique with head-
tracking for local active sound control." JASA 142.1 (2017)
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Integrated Headtracking and 
Local ANC

• System uses an array of monitoring 
microphones to estimate the 
pressures at the ear locations.

• The positions of the user’s ears are 
updated using headtracking.

[9] Jung, Elliott, Cheer. "Combining the remote microphone technique with head-
tracking for local active sound control." JASA 142.1 (2017)
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Experimental Arrangement

• Investigation into both the pressure estimation and the active 
control performance.

[10] Elliott, Jung, and Cheer. "Head tracking extends local active control of 
broadband sound to higher frequencies." Scientific reports 8, no. 1 (2018): 5403.
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Broadband ANC Performance with 
Headtracking

[10] Elliott, Jung, and Cheer. "Head tracking extends local active control of 
broadband sound to higher frequencies." Scientific reports 8, no. 1 (2018): 5403.

ANC off ANC on
HT off

ANC on
HT on
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Real-time Demonstration

https://static-content.springer.com/esm/art%3A10.1038%2Fs41598-018-
23531-y/MediaObjects/41598_2018_23531_MOESM1_ESM.mp4

https://static-content.springer.com/esm/art:10.1038/s41598-018-23531-y/MediaObjects/41598_2018_23531_MOESM1_ESM.mp4
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Predictions of local 
control performance in a 
large SUV

[11] Jung, Elliott, and Cheer. ”Local active control of road noise inside a vehicle." MSSP, 
2018.



Personal Sound Zones and 
Privacy Control
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Car Cabin Personal Audio

• There is a desire to generate 
independent listening zones in 
the car cabin that allow 
occupants to listen to 
personalised content without 
headphones.

• We have developed a variety of 
systems at ISVR with different 
form factors.
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System Designs

• First systems generated zones using:

– Standard loudspeakers at LF (<200 Hz)

– Headrest loudspeakers at HF (>200 Hz)

• Subsequently, we investigated the 
potential of roof mounted loudspeaker 
arrays.

[12] Cheer et al, 2013 [13] Xiangning et al, 2017
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System Performance

Roof Mounted System
• This system achieved similar 

performance for both front and 
rear zones.

• Broadband average contrast of 
around 20 dB.

Headrest System
• First system achieved 

broadband contrast between 
front and rear zones of 15 dB 
(Black Line)

• However, the contrast at HF was 
limited for a rear listening zone.

[12] Cheer et al, 2013

[13] Xiangning et al, 2017
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Personal Spatial Audio

Sat-nav directions can be 
localised to the instruction, 
with the position of the voice 
changing as the driver goes 
around a roundabout for 
example

SAT-NAV

When using parking 
sensors, many cars now 
have screens showing the 
position of the parking 
hazard – why not provide 
audible position data 
rather than distract the 
driver with visual data?

PARKING SENSORS

The array can be used to provide 
a binaural downmix of a 5.1 or 
higher surround sound film, to 
entertain the passenger on long 
journeys

FILM IN BINAURAL

Music tracks mixed in 
surround sound (like Pink 
Floyd’s ‘Money’) can be 
reproduced without losing 
the surround sound feel.

SURROUD SOUND MUSIC

House, C., et al. (2017)
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Array Simulation and Design

House, C., et al. (2017)
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Measured Performance

House, C., et al. (2017)

• Array tested in both anechoic 
chamber and car

• Reflections in the car reduce 
the performance, but still 
high levels of contrast 
performance.



35

Zonal Audio Demonstration



36

Sound Zones for Privacy Control 

• Zonal audio performance is generally not sufficiently high for high quality 
audio reproduction – subjective studies have suggest that 40 dB may be 
required in some listening scenarios.

• However, it may be useful in providing enhanced privacy.

• This can be achieved by generating a masking signal in the dark zone to 
mask the crosstalk from the bright zone and thus enhance privacy.

[15] Wallace and Cheer (2018)
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Privacy Based Personal Audio

Optimal Masking Signal Spectrum

I After optimisation, masking signal spectra take on a low-pass
characteristic above 1 kHz.

I This equalisation decreases sharpness, while maintaining the ability
to e�ectively mask speech.
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,

Combining Artificial and Natural Background Noise in Personal Audio Systems

[15] Wallace and Cheer (2018)

• Maximising the difference in 
inteligiblity has multiple 
solutions and does not consider 
other subjective effects of the 
noise.

• We minimise dark zone 
annoyance, whilst constraining 
intelligibilities.
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Array Performance Requirements

• The performance of the zonal array affects the masker level required to 
achieve defined levels of intelligibility in the bright and dark zones.

• As acoustic contrast increase, the level of masking signal required relative to 
the background level decreases.

• Target: ESTOI Dark < 0.2,   ESTOI Bright > 0.7



Conclusions and Summary
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Summary and Conclusions

• Active noise control solutions have been developed for both engine 
and road noise control.

• These active solutions using the standard car cabin audio system 
loudspeaker can achieve control up to around 300 Hz and are being 
implemented in production vehicles.

• The upper frequency of control can be enhanced by using local control, 
but can be increased dramatically by using headtracking technology.

• A variety of zonal audio systems for car cabins have been developed 
and these could be integrated using the same hardware as ANC 
systems – e.g. headrest loudspeakers.

• Although high contrast levels can be achieved, they are still potentially 
not sufficient for high quality audio production.

• Zonal audio technology with a masking signal generated in the dark 
zone could, however, be used for privacy control.
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