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Abstract

Noise and vibrations have over the last two decades been regarded as significant en-
vironmental health problems. Regulations regarding acoustic as well as vibration
levels have therefore become more stringent. This thesis embraces two different
techniques to reduce unwanted noise and vibrations, spectral subtraction and ac-
tive noise and vibration control. The applications treated for noise and vibration
problems are mainly means of transportation driven by combustion engines as for
example, helicopters, boats, and cars. All these vehicles have low-frequency noise
and vibration problems which are difficult to solve by means of passive isolation,
hence alternative methods must be sought.

Two different scenarios are studied. First, the high noise level in the interior of
the vehicle is accepted and the humans inside are equipped with headsets utilizing
both passive as well as active noise control. If the means of transportation em-
ploys some kind of communication equipment, such as for a cellular telephone or
an intercom radio, the noisy speech signal picked up by the microphone is cleansed
by spectral subtraction, which is a non-linear filtering method employed in the
frequency domain. In the second scenario the entire interior of the vehicle is sub-
jected to noise and vibration reduction by means of active noise and vibration
control. Active noise and vibration control is the art of reducing a primary sound
or vibration field by interference with a secondary anti-field.

The thesis focus on real-life applications which implies that a lot of measure-
ments and practical difficulties must be treated for both scenarios, especially in
the area of active noise and vibration control. In this area, the basic idea seems
straight-forward, but implementing it in large and complex structures, such as
vehicles, is extremely difficult, in particular if high attenuation is required.
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Preface

This doctoral thesis summarizes my work within the field of applied signal process-
ing. The thesis embraces the areas of active noise and vibration control as well as
speech enhancement.

The goal with my research is to solve advanced industrial problems and in this
way create new or improved products. Therefore, all work has been carried out
in close cooperation with the industry. Theoretical work combined with practical
measurements and installations has been the natural method of interchange during
my years as a Ph.D. student. The main concern of the thesis is the attenuation
of periodic low-frequency noise typically generated by internal combustion engines.
The application areas span over a wide variety of ”vehicles”, from rescue helicopters
to naval submarines.

Speech contaminated with noise is a common problem and as such significant
to this thesis. Spectral subtraction, a popular algorithm, is here employed in a new
shape with non-parametric noise estimation. The improvement has resulted in a
world-wide patent currently held by Ericsson Mobile Platforms.

In applications of active noise and vibration control a comprehensive investi-
gation to the noise and vibration problem is done, this in order to gain a good
understanding of the physical properties of the vehicle that cause the disturbance.
Active noise and vibration control can then, probably, be implemented in a more
successful way. The thesis covers new control concepts and strategies in order to
improve the computational complexity as well as the performance. An inertial
mass actuator used in a variety of applications has been given special attention.

The thesis comprises four stand-alone parts. Part I deals with the enhancing
of a noisy speech signal, using a novel method based on spectral subtraction. The
second part covers the development of a new hybrid headset combining analog and
digital active noise control with speech enhancement. Part III present my work
done in the AVIIS (Active Vibration Isolation in Ships) project which deals with
the application of active noise and vibration control in a leisure boat. Part IV
addresses the problem of submarines that radiate engine vibrations into the water.
One possible solution is presented based on an active engine mount with vibration
control in all six degrees of freedom. Most of the work has been conducted at the
Department of Signal Processing at Blekinge Institute of Technology. The research
related to submarines was partly performed at the Department of Mechanical En-
gineering, University of Adelaide.

The four parts that constitute the thesis are:

Part I: Spectral Subtraction with Extended Methods

Part II: A New Passive/Active Hybrid Headset for a Helicopter Application.

Part III: AVIIS, Active Vibration Isolation In Ships: A Pre-Analysis of the Sound
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and Vibration Problems

Part IV: Active Control of Engine Vibrations in a Collins Class Submarine
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Per Sjösten, Mathias Winberg, Sven Johansson, Thomas Lagö, Sven Nordebo, Ing-
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Julien Millard, Thomas Lagö, Mathias Winberg, Chris Fuller, “Fluid wave Ac-
tuators for the Active Control of Hydralic Pulsations in Pinping Systems,” IMAC-
XVII, Proceedings of International Modal Analysis Conferance, Orlando, Florida
February 1999.
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1 Introduction

High levels of sound and vibration in different means for personal transportation
are often regarded as a significant environmental problem. The public awareness
of health risks in conjunction with sound and vibration exposure has indirectly,
become an important sales argument for manufacturers. Governments and health
organizations are already regulating the time and level of sound and vibration that
the human body is allowed to be exposed to. These regulations are becoming more
and more strict, wherefore new methods for sound and vibration attenuation al-
ways are in demand. The new directives from the European Union (EU), from
2005, regarding heavy vehicles (loaders, trucks etc.) constitute an example. Such
regulations state that it is not the manufacturer of the heavy vehicle but the em-
ployer who has to ensure that the maximum sound and vibration dosages, both on a
daily and weekly basis, are not exceeded. This thesis focuses especially on extreme
personal transportation means driven by combustion engines, such as helicopters,
submarines and luxury boats, which from now on will be denoted vehicles. Here,
periodic low frequency noise and vibration are dominating components. The ideas

Figure 1: Illustration of a tank, model 122 used by the Swedish defense, a typical
application high noise and vibration levels especially at low frequencies.

and algorithms have also successfully been applied to other similar applications as
for example textile machines, hydraulic piping systems, train bogies. This material
and results are, however , not included in the thesis.

The development of personal transporting vehicles shows a trend for lighter
bodies and more power-intensive engines. Weight reduction and increased power
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requirements often have adverse effects on the vibratory behavior, greatly increas-
ing the vibration and noise levels. Almost all vehicles are equipped with some kind
of communications system, such as inter-com systems on a helicopter or submarine,
or a mobile telephone communication system in a car. The masking effect which
low frequency noise has on human speech also reduces the speech intelligibility.
For personnel working in such vehicles, low speech intelligibility is perceived as
disturbing and irritating, and can also be dangerous.

Two main areas have been considered when conducting the practical and theo-
retical work in this thesis; speech enhancement based on spectral subtraction where
the noise inside the vehicle affects the signal picked up by the microphone in the
communication system, here the noise is reduced in the electrical signal; active
noise and vibration control where some parts of the vehicle are made extra silent
and/or given extra low vibrations based on destructive interference between two
sound or vibration fields.

2 Spectral Subtraction

Noise denotes unwanted or annoying sound, such as car noise or helicopter noise.
Ideally, a ”quieter” environment is the goal. Less noise makes it easier to commu-
nicate and yields less discomfort. The masking effects which low frequency noise
has on speech also reduces speech intelligibility, [1], [2]. Low speech intelligibility
is perceived as disturbing and irritating, and as a consequence an increase in the
over-all communication level is often obtained. Acoustic noise reduction can be ap-
plied to an entire physical environment, in this case a vehicle, and is often obtained
by introducing passive mechanical dampers [2], [3] or applying active noise and vi-
bration control [4]-[8]. The use of such methods is costly and it is difficult to obtain
a high noise reduction, especially in vehicles where weight and cost are important
factors. For communication systems it is often sufficient to reduce the background
noise sent to the listener at the other end (far-end speaker), and additionally a
passive/active headset may be used by the speaker if the sound levels are harmful
or uncomfortable. Spectral subtraction is a non-linear method for reducing noise
in an electrical signal, as for example, in a microphone signal.

A classic filtering method for attenuating noise from signals is the Wiener filter
[9], invented by Norbert Wiener in the 1940’s. The Wiener filter is optimal in the
least square sense for a stationary signal and is given by

H(w) =
Psx(w)

Pxx(w)
(1)

where Psx(w) is the cross-power spectral density of the desired speech signal s(n)
and the noise-contaminated speech signal x(n). Further, Pxx(w) denotes the auto-
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power spectral density of the noisy speech signal. The speech and noise are assumed
to be additive and uncorrelated, which is a valid assumption for most applications.
As an example, the noise from the rotor in a helicopter is independent of the speech
produced by the crew. Hence,

x(n) = s(n) + v(n) (2)

where v(n) denotes the noise signal. The Wiener filter equation could now be
rewritten as

H(w) =
Psx(w)

Pxx(w)
=

Psx(w)

Pss(w) + Pvv(w)
(3)

There are two drawbacks by using the Wiener approach. First, the only accessible
signal is typically x(n) containing both speech and noise and not the separate signals
of speech-only and noise-only. However, if the noise can be considered stationary,
it may be estimated during periods of speaker silence.

Secondly, the spectra in the Wiener filter need to be estimated which results
in only an approximated Wiener filter. The Wiener approach assumes that the
signal is stationary but a speech signal only poses the property of quasi-stationarity
meaning that speech can only be considered stationary for time window durations
of 10 − 30 ms. Therefore, a short-time Wiener filter needs to be applied, where a
new filter needs to be calculated for each time segment.

2.1 Historical Review of Spectral Subtraction

The basic spectral subtraction algorithm resembles the short-time Wiener filter. In
fact, the first reference to spectral subtraction was in a patent filed by Schroeder[10]
in 1965. Schroeder was well known in the area of speech processing and had,
a couple of years earlier, filed a similar patent where the noisy speech signal was
filtered in such a way that at frequencies where the speech energy was low the signal
was attenuated[11]. Schroeders algorithm used an analysing filter bank where the
noisy speech signal was divided into frequency bands of a width of 300 Hz. The
signal from each band is low-pass filtered to give the short-term power in each
band. During noise only (speaker is quiet) sections the noise power is estimated
in each band. The noise power is then subtracted from the noisy speech power in
each frequency band during speech periods. If any negative power in any bands was
achieved a rectification was performed. This method resulted in that the varying
power of the speech signal in each frequency band was estimated. The algorithm
so far corresponds well with spectral subtraction as presented today, the difference
being mainly in the synthesization. The pitch in the incoming speech noise signal
was determined and used as excitation signal together with the harmonics. This
excitation signal was subsequently amplified with the previously calculated speech
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power at each band. In this way, the noise was attenuated and the first spectral
subtraction algorithm had been born.

The next step in the evolvement towards contemporary spectral subtraction
was presented by Weiss in 1974 [12] where he had exchanged the filter bank with
Fourier transformation, and, more importantly, the excitation signal was taken
directly from the input signal. Weiss conference paper [12] presents the algorithm
in a non-detailed manner but according to [13] a corporate report [14] describing
the algorithm more extensively existed but is unfortunately no longer available.

In April 1974, Boll published an article [15] that generally is considered to be
the basic spectral subtraction algorithm. This thesis builds on the algorithm by
Boll and develops it further

2.2 The Spectral Subtraction Algorithm

Starting by assuming that the noise and speech are uncorrelated and additive to
each other we obtain

x(n) = s(n) + v(n) (4)

where x(n), s(n) and v(n) are noisy speech, speech and noise respectively. Thus,
the short-time power spectral densities (PSD) are also additive

Pxx(w) = Pss(w) + Pvv(w) (5)

The speech power spectral density can now be estimated by subtracting the noise
PSD from the noisy speech PSD,

P̂yy(w) = Pxx(w) − Pvv(w) (6)

where P̂yy(w) is the estimated noise-reduced speech PSD. Speech is a non-stationary
signal, though it can be considered quasi-stationary or short-time stationarity. Due
to this property, the segmental power spectra can generally be used in place of the
power spectral densities, and calculated as

Pxx(w) = |XM(w)|2 (7)

Pvv(w) = |NM(w)|2 (8)

where M is the segment length. The short-term spectra are preferably calculated
by the use of the FFT algorithm which is most efficient if M is a power of two.
If telephone bandwidth is assumed a sample rate of 8000Hz is typical. Hence, M
equals 256 samples gives an equivalent segment time length of 32 ms. Replacing
the spectral densities in Eq. 6 with the segmental FFT:s according to Eqs. 7 - 8,
yields

|YM(w)|2 = |XM(w)|2 − |NM(w)|2 (9)
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and
|YM(w)| =

√
|XM(w)|2 − |NM(w)|2 (10)

The background noise power spectrum can be estimated during speaker inactive
periods. During these periods several segments of power spectra are exponentially
averaged in order to get a good estimate of the background noise. The number of
averages that will be used to calculate the noise spectrum depends on how fast the
noise environment changes.

To ensure a high quality spectral subtraction algorithm it is important to deter-
mine when speech is present or not, in order to correctly update the noise estimate.
This determination usually done by a separate algorithm denoted a Voice Activ-
ity Detector (VAD). If the spectral subtraction algorithm should be available in a
mobile telephone, the VAD used in the GSM for discontinuous transmission can
be used [16]. Another approach would be to make a separate spectral subtraction
algorithm for the VAD. Here a rough subtraction is made with very high noise
reduction and high speech distortion and that focuses on detecting whether speech
is present or not [17].

The spectral subtraction algorithm presented does not affect the phase informa-
tion of the noisy speech signal. The phase of the noisy speech signal can be reused
for the signal with the reduced noise, since the phase is not considered that impor-
tant from a perceptual point of view. The phase function of the noisy speech signal
is extracted from the FFT components before the power spectrum components are
squared in order to form Eq. 10. This yields,

YM(w) = |YM(w)|ejΦx(w) =
√
|XM(w)|2 − |NM(w)|2ejΦx(w) (11)

where φx(w) is the phase function of the input signal. Once the inverse FFT is
performed on the noise-reduced speech spectrum the corresponding time signal is
obtained. The relation in Eq. 11 can be viewed as a filtering operation similar to
the Wiener filter,

YM(w) = H(w)XM(w) (12)

where H(w) is the frequency function of the filter with zero-phase,

H(w) =

√
|XM(w)|2 − |NM(w)|2

|XM(w)|2 (13)

The major difference is that the Wiener filter is a linear system while the filter
derived from the spectral subtraction approach is non-linear. A more general form
can be obtained by introducing

H(w) =

( |XM(w)|a − k|NM(w)|a
|XM(w)|a

) 1
a

(14)
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where a is the exponentiation parameter and k is the subtraction factor. The
subtraction factor is a positive constant usually in the range from 0 − 1. The
exponentiation parameter is, in most papers, either 1 or 2.

Spectral subtraction is a very robust speech enhancement method that can han-
dle high noise attenuations, but, unfortunately, when the algorithm is exaggerated,
artificial noise is introduced in the background, sounding like ”musical tones” [18],
[15]. The musical tones consist of tones with the same duration as the short seg-
ments and with changing frequencies for each segment. These musical tones are a
result of high variability in both speech and noise spectral estimates which in turn
build blocks in the filter function. Another way to explain the musical tones would
be to say that the noise component is estimated differently in the noise spectrum
and in the input(noisy speech) spectrum. When the two are subtracted, a resid-
ual noise is created, which may contain spectral components with a negative sign,
which are zeroed, a half-wave rectification [15] or they may have, merely, a sign-
shifted, a full-wave rectification, which was suggested already in Schroeders first
patent [10]. Several different techniques besides rectification have been suggested in
order to reduce the effects of the musical tones. The most common method used is
to introduce a noise floor where the filter is limited downwards so that a maximum
noise reduction is imposed. In 1979, Berouti [19] used a noise floor in combination
with over-subtraction, i.e. using a a-value greater than 2. The proposed method
implied that frequency bands with low speech energies were be set to a constant
level - the noise floor. Hereby, the musical tones can be masked, but, unfortunately,
weak speech signals are also reduced. The method proposed here is to reduce both
the variability both in the noise and the noisy speech estimates, which leads to a
residual noise with a much smoother character and less musical tones. Gustafsson
et al. continued the work with algorithms presented in this thesis in [20] where an
averaging of the total filter function was also performed.

2.3 Windowing and Circular Convolution

In the early spectral subtraction algorithms a rectangular window was used to di-
vide the incoming time sequence of noisy speech into the shorter segments, however
producing audible ”clicks” at each segment border. Conventionally, these effects
are masked by introducing a smoothing window, such as the Hanning window by
an overlap-and-add method. In order to maintain all the information in the in-
coming noisy speech signal the windowed segments should overlap, with 50 percent
overlap being a good rule of thumb. The overlap results in an unwanted time delay
of as much as the overlap. Furthermore, the algorithm is block-based by nature
which already imposes a delay, why it is of outmost importance to keep any extra
delays minimal. A total system delay over 50 ms start to become very annoying in
a normal speech conversation.
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The discontinuities have their origin in the circular convolution which comes
from the FFT and IFFT operations resulting in a time domain aliasing. A perfect

Windowing M-FFT M-IFFT
Overlapp
and add

Filter
function

x(n) y(n)

Figure 2: A bock diagram of the filtering process working with segments or blocks
instead of sample by sample. Windowing combined with overlap and add are
imposed

linear convolution can be obtained if the input x(n) is divided into sub blocks, XL

of length L where L < M which is the FFT block length. To perform the M-point
FFT, the XL segment is zero padded up to length M . The goal is here to make
a filter function H(w) that has a corresponding impulse response of a maximum
length of K = M − L + 1, with a minimum phase instead of zero phase [20] so
that the convolution length of the output, M equals L + K − 1. In other words,
the filter function needs to have a lower resolution K than the FFT length M .
This is accomplished by using the Bartlett method as presented in Part I of the
thesis. Bartlett’s method for reducing the resolution is performed by averaging,
which also results in a smother spectrum, which in its turn has positive effects on
the musical tones. The resulting output, y(n), is obtained by using an inverse FFT
and overlap-add in the time-domain.

2.4 Two Microphone Spectral Subtraction

In some applications extremely high sound levels were present and the noise spec-
trum exhibits fast-changing spectral content. In such cases, it might be advanta-
geous to use also a second microphone. This would be the case for a fighter aircraft
or a military tank. In such a scenario, the extra microphone is placed at an extra
distance from the mouth, e.g. on the headset, so that the extra microphone mostly
picks up noise. As a result, the VAD is unnecessary and the noise spectrum can
be estimated at the same time as the noise speech spectrum is calculated. This in
turn leads to less residual noise and less artificial noise is introduced. Care must be
taken if the background noise disappears or is decreased significantly, since speech
also enters the extra microphone.
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This type of algorithm has been developed and tested for its use in armed
vehicles by the author in relation to a specific order to a subcontractor to the
Swedish defense organization.

Another two-microphone spectral subtraction algorithm was presented by Gustafs-
son [21], where both speech and noise are allowed at both microphones. In this
approach three spectral subtraction algorithms are used. The first two spectral sub-
traction blocks are combined in a sequential manner to estimate the background
noise amplitude spectrum, while the third block uses the noise spectrum estimate
to enhance the microphone signal picked up close to the mouth.

3 Active Noise and Vibration Control

Low frequency noise and vibration problems inside different types of vehicles are
often difficult to solve by means of conventional passive methods. Passive methods
in the low frequency area may employ some kind of resonant absorbers, [1], which,
unfortunately is a less attractive solution inside a vehicle. Other passive approaches
include putting to put absorbtion material on the interior of the body, which ac-
tually is the most common solution, or to put an absorbent at some distance from
the interior body, [2] and [3]. This is, however, also a problematic solution, since
the absorbtion material needs to be approximately one quarter of a wave length.
This implies that the absorbtion material needs to be approximately 425 mm thick
at a frequency of 200 Hz. Consequently, the use of passive methods to attenu-
ate low frequency noise and vibrations, below 400 − 500 Hz, is often impractical,
since considerable extra bulk and weight is required. Additionally, in all areas of
transportation large weight and size is associated with high fuel consumption.

One attractive alternative solution is to apply active noise and vibration con-
trol, [4]-[8]. Today, active techniques are evolving from research labs into actual
products. In applications of active noise and vibration control, the fundamental
principle is to create a secondary sound or vibration field that interferes with the
original, primary field. The superposition of these two fields will lead to destructive
interference if the amplitudes are identical and the two fields have opposite phases.
In theory, the reduction of the sound or vibration field can be total, but in prac-
tice there are several limitations. The technique of active control has been known
for almost 70 years, but it is not until the recent 20 years that the technique has
become feasible, enabled by the development of the digital signal processor. Today
ordinary PC-computers are fast enough to host an active controller. However, the
PC needs to be equipped with a powerful sound card that can handle the number
of inputs and outputs required. The ASIO (Audio Streaming Input and Output)
standard gives room for the processor to communicate with the sound card in such
a way that small delays are maintained between input and output.
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In a noisy vehicle, two main different approaches are considered, namely; to
achieve global control where the noise in the entire vehicle is attenuated. This
approach is often very difficult since it is the noise source that needs to be tar-
geted directly. In real-life active noise and vibration applications local control is
predominant. By local control we attenuate the noise only in certain areas of the
vehicle, preferably around the ears of the passengers and/or operators. Though,
local control usually creates higher sound levels outside the control area this is
often acceptable. As an example, in a car application passengers would benefit
from a 10 dB lower sound level around the head but 10 dB higher around their
feet. This could be achieved in numerous ways but a possible approach is to use
loudspeakers to create the secondary sound field and to use control microphones
to measure the sound field that has to be minimized. This approach is known as
pure active noise control, [29]. Active control can also be applied to change the
modes of vibration in a structure in order to reduce the radiated sound power. In
this case the solution is called ASAC, Active Structural Acoustic Control, where
the structure is driven by structural exciters with the objective to minimize the
sound pressure inside the vehicle, [22]. This method is covered in the AVIIS, the
Active Vibration Isolation In Ships Project, presented in Part III of the thesis.
In AVC, Active Vibration Control, it is only the structure of the vehicle that is
subject to control, [32]. Accelerometers are used as error sensors measuring the
vibrations that have to be minimized while structural exciters are used to create
secondary forces. This concept will reduce structural vibrations and, if correctly
designed, the radiated sound power in the interior will also be attenuated. AVC
has been used with success in the Submarine Project, Part IV of the thesis, where
the radiated sound power to the external environment was targeted.

A different perspective would be to accept that a noisy internal environment
exists, and simply equip passengers and crew with ear cups utilizing a combination
of both passive and active noise reduction techniques. In order to enable the crew
to communicate with each other with high speech intelligibility and at low levels,
the microphone signals are cleansed from the surrounding noise by using spectral
subtraction. Such techniques are presented and evaluated in the Helicopter Project,
Part II.

3.1 Historical Review of Active Noise and Vibration Con-
trol

The first publication on what today is regarded as active noise control was done
by Paul Leug in 1933 when he filed a patent on active noise control in a duct,
[24]. The basic idea seems simple today but was a big breakthrough in the thirties
when he generated a secondary sound field using a loudspeaker that interfered with
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the primary fan noise. A microphone was used to detect the fan noise traveling
downstream through the duct. The sound targeted by the controller was the tonal
components (single frequencies) cased by the blades of the fan passing through the
air. The microphone signal was fed into a controller that calculated the driving
signal to the loudspeaker. The controller at that time consisted of an amplifier
and a delay unit so that the phase and amplitude could be adjusted and with a
properly adjusted, controller the sound level would be attenuated downstream the
duct. This is a so-called feedforward technique. Lueg also made experiments where

Air flow

Controller

Air flow

Amplitue Delay

Figure 3: Feedforward ANC as presented by Paul Lueg

silent zones in front of the secondary loudspeaker in a three-dimensional sound field
were created, [24].

The next classical paper on active noise control was presented by Harry Olson
and Everet May in 1953, where Olson and May presented what they denoted the
”Electronic Sound Absorber.” What they introduced and experimented on, however
was feedback active noise control, [23]. Instead of placing the microphone at a
distance from the loudspeaker, in order for it to sense the sound field long before this
reaches the loudspeaker, the microphone was placed very close to the loudspeaker.
The output signal from the microphone was then fed back to the controller designed
to drive the loudspeaker to produce an output. This resulted in an attenuation of
the sound field in the vicinity of the microphone. With this kind of installation close
to a human being’s ears, the experience would be a reduction in the sound pressure
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level. This technique has been successful in airplanes and automobile seats, but the
best known application utilizing feedback technique has been the active headsets.
Active headsets are commercially available, and are almost always based on an
analog controller, since it is very important that the delay within the controller is
short, which is more difficult to achieve with a digital controller. Carme presented
in 1988, [25], an efficient analog control filter (clover-leaf filter) with low delay and
high loop gain resulting in a very high attenuation. The active headsets based on
this analog feedback technique have been on the commercial market for almost 10
years.

Control UnitControl UnitControl UnitControl Unit

Figure 4: Feedback ANC applied to a headset. Note how closely together the error
sensor and the secondary source are located

In 1954 William Conover presented another important paper, [26], on active
noise control in which the subject of control was electrical transformer noise. Trans-
former noise is, also, an application very suitable for active noise control, mostly
due to the fact that the noise is extremely narrowband, low-frequent (the first
harmonic is approximately at 50-60 Hz depending on the state) and periodic. As
a secondary source, Conover also used a loudspeaker placed in the vicinity of the
transformer. Furthermore, Conover used the feedforward technique as presented by
Lueg, but instead of using a microphone as reference sensor, a non-acoustic refer-
ence sensor was proposed. In order to monitor the residual sound field, the concept
of error or control sensor (microphone) was introduced. The phase and amplitude
of the reference signal within the controller were manually adjusted in such a way
that a high noise attenuation was achieved in the error microphone. Unfortunately,
higher sound levels were also encountered in other positions. Conover’s idea forms
the basis of the modern narrowband feedforward active control and it is these same
ideas that have been used in the projects presented in this thesis and that are
subjected to active noise and vibration control.
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To be able to perform adaptive active control, an adaptive algorithm is needed
in order to track changes in the primary noise and vibration field. A considerable
advance towards a suitable controller was made in 1960 when Widrow and Hoff
developed the Least Mean Square (LMS) algorithm, [5]. The approach provides
a powerful approach to digital filtering in situations where a finite length filter
is applicable. The LMS algorithm is a member of the stochastic gradient algo-
ritm family and is, due to its simple nature, often used as a benchmark to other
algorithms.

Kido continued on the work of electrical transformer noise and presented the use
of multiple secondary sources in 1975, [27]. Here, a noise attenuation of 12 dB was
measured. Kido also worked with duct noise, where new and more advanced control
algorithms were investigated. Both Kido and Caplin were working on controllers
implemented on digital signal processors which automatically (adaptively) adjusted
the phase and amplitude of the driving signals to the secondary sources. The
problem here was that at this point of time, the digital signal processor lacked the
computational power needed for achieving a good performance for systems using
multiple secondary sources.

In the eighties a lot of different research groups started to work within the field
of active noise and vibration control. But one of the most important breakthroughs
was done by Widrow in 1991 when he presented the Filtered-x Least Mean Square
algoritm (Filtered X-LMS), [8]. The algoritm compensates for the physical path
between the secondary sources and the error sensors. Without this compensation,
the LMS algorithm often leads to instability and slow adaptation. The active con-
trol algoritms presented in this thesis all make use of the Filtered-x LMS algoritm
or versions thereof. An active control system with multiple error sensors and multi-
ple secondary sources, together with the Filtered-x LMS algorithm, was presented
by Steven Elliot in 1987 in order to attenuate the sound pressure level of an entire
enclosure, [28]. In the nineties, active noise and vibration systems emerged from
research labs into commercial products, mostly due to the rapid development of
the digital signal processor.

Theoretical work, computer simulations and practical experiments carried out
in a wide range of applications have been presented [30]-[35].

3.2 The Concept of Active Control

Active noise and vibration control is achieved by letting a secondary sound or
vibration field interfere with a primary field, [4]-[8]. The secondary field can be
generated by loudspeakers if the application used is noise control or by structural
exciters(shakers) if the application is vibration control. The task of the active
control system is to create a secondary field that has equal magnitude and an
opposite phase to the primary field. The secondary sources are driven by a control
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system (controller) which, generally, is a mathematical algorithm implemented on a
digital signal processor. The algorithm is often adaptive to its nature and can react
to time variations as well as characteristic changes in the primary sound or vibration
fields. The sound or vibration field to be controlled(attenuated) is measured with
control(error) sensors, typically microphones or accelerometers. In order to adjust
the output of the controller a relevant optimization criteria is minimized, e.g. the
sum of the squared error sensor signals if the algorithm is based on the LMS
algorithm in order to attenuate the primary field.

The concept of active control according to the above principle may seem simple
but in the general case it is extremely difficult to use. In practical transportation
applications, where high attenuations of the primary field are expected and several
secondary sources and error sensors are required, reality often reduces the value of
too complicated techniques.

When designing an active control system, there is a number of design issues
that need to be handled before the actual system could be implemented and the
experiments initiated. These issues will entirely decide the over-all performance in
terms of attenuation, stability, cost, and feasibility of the active control system,
[36] and [37]. A lot of design issues can be answered if a thorough investigation,
or pre-analysis, is performed on the application targeted by active control. This
includes both a study of the mechanical structure, transmission paths etc. but
the primary field also needs to be measured and analysed for different driving
conditions. Below the most important design issues are listed together with a brief
description. Additionally, these issues are treated in practical experiments in the
different projects presented in the thesis, Part III and Part IV.

Error Sensors: What should be minimized, vibrations or sound? This choice
determines the type of error sensors and monitor sensors that will be used.
The concept of monitor sensors, or evaluation sensors, means that the per-
formance of the active system is evaluated in these evaluation positions and
not in the error sensors positions [38]. It is also important to notice that
the evaluation sensors, usually, constitute no part of the control loop. The
importance of the evaluation position is maybe best illustrated by an exam-
ple. In airplane applications, where active noise control is imposed, the error
sensors(microphones) and secondary sources(loudspeakers) are usually placed
in the trim panels but the evaluation of the active system needs to be done
in the vicinity of the passengers ears. Thus, in an implementation and test
phase, the seats are equipped with monitor microphones in order to tweak the
active system for optimum performance. These sensors are then removed in
the commercial product. In some applications the error sensors and monitor
sensors do not need to be of the same type, one set could be microphones
and another might be accelerometers. If the sound pressure level is to be
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minimized, microphones will typically be used as monitor sensors and most
likely also as error sensor. The exception could be in a scenario where the
sound is structure-born, where the vibratory energy in the structure could be
minimized by means of accelerometers and structural exciters. This would
indirectly lead to reduced noise radiation and an attenuated sound field. Ad-
ditionally, this case requires that microphones be used as monitor sensors for
the evaluation. The AVIIS project, constitute Part III of the thesis, further
discusses this matter.

Secondary Sources: The most common secondary source used for active noise
control is the loudspeaker. The fact that the loudspeaker is almost linear is
important but so is also the fact that it could be driven by a normal HIFI
amplifier, with quite low power consumption. However, the amplifier needs
to have a low THD(Total Harmonic Distortion) in order to work well with
the controller. There are numerous of applications where ANC has been
successfully implemented using loudspeakers as secondary sources [4], [34],
[39]. There are drawbacks using the loudspeaker; first of all, it is quite heavy
and, secondly it will be rather large if it is used to target really low frequencies
as, for example, below 40 Hz. Such limitations can cause problems in some
vehicle applications, due to both weight and space requirements. Therefore
other types of acoustic actuators have also been developed, especially in the
cases where only a few frequencies are to be generated. One such actuator
investigated by the author consisted of a thin carbon plate with piezo ceramic
actuators mounted on the back. This method makes it possible to make the
plate move in certain modes creating one or several single frequencies. The
advantage with this type of actuator is that it is very light and requires a low
driving power.

Returning to structural actuators, the electro dynamic shaker is commonly
used, since it can produce rather large outputs with high forces. A specific
type of electro dynamic shaker, the inertial mass actuator, is often preferred,
since the inertial mass actuator only needs to be attached to the structure in
a single point as compared to the normal shaker. The inertial mass actuator
is used in both the AVIIS project as well as in the Collins Class Submarine
project, Part III and Part IV respectively. In contrast, if large forces are
required at small amplitudes the pizeo ceramic stack actuator is outstanding.
This actuator consists of several layers of piezo ceramic material all connected
in parallel. The piezo actuator has a very high capacitance from an electrical
point of view, hence ordinary HIFI amplifiers can not normally be used.
There is a wide variety of different actuators developed over the years, [22]
and [5].
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What Attenuation Can be Expected: If the likely attenuation could be de-
termined very early in the design phase of an active system, a decision could
be taken to whether it is worthwhile to proceed with the design. As a rule of
the thumb, narrowband or tonal components can typically be reduced 30 dB
or more, while broadband or random noise and/or vibrations can typically
be reduced by amount 15 − 20 dB, [?].

The attenuation depends mostly on the coherence between the reference sig-
nal and the primary noise or vibration field. The theoretical limit in steady
state for the attenuation in a single point is given by the relation

A(f) = −10 log10

[
1 − γ2

dx(f)
]

(15)

where A(f) is the attenuation in dB, and γ2
dx(f) is the ordinary coherence

between the reference signal x and the the noise d. The ordinary coherence
function is given by

γ2
dx(f) =

| Pxd(f) |2
Pxx(f)Pdd(f)

(16)

where Pxd(f) is the cross-spectral density between the reference signal x and
the primary field d. Pxx(f) and Pdd(f) denote the power spectral density of
the reference signal and the primary noise or vibration field, respectively.

This relation for the attenuation is valid for broadband control. In the case
of narrowband applications, the reference signal consists of sinusoidal compo-
nents which are also present in the primary sound or vibration fields. Between
two sinusoidal components with the same frequency there will always be a
coherence of 1 if the effect of measurement noise is omitted. Part III of
the thesis presents one way to estimate the performance for a narrowband
controller.

Narrowband or Broadband Control: Does the primary noise or vibration field
consist of narrowband or broadband noise or a combination of the two? The
answer to this question will entirely decide the type of controller that needs
to be used and this task should be solved in the pre-analysis. In many
applications the primary noise is generated by rotating machinery, engines,
propellers etc, which also are the type of applications studied in this thesis.
This type of noise is periodic and contains harmonic components related to
the rotational speed. Broadband noise can occur in many applications, such
as in jet aircrafts, and in cars as wind and tyre noise. If the noise is classified
as narrowband, a non-acoustic/non-vibratory sensor can often be used, such
as a tachometer signal. A major advantage is that the reference signal can
be internally generated from the synchronization signal and in this manner
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the control algorithm can, very easily, be made selective to which harmonics
to be controlled. An engine rotating at a speed of 1500 rpm might generate a
tacho meter signal (synchronization signal) with a frequency of 600 Hz with
24 pulses per revolution. If the goal is to cancel the 3d and 6th order of
the engine, the reference signal can be calculated from the synchronization
pulses and would contain two frequencies of 75 and 150 Hz only. In the case of
broadband control, accelerometers or microphones, or a combination thereof,
are often used as reference sensors. Additionally, if feedforward broadband
control is to be used, the reference sensors should be placed as close as possible
to the noise or vibration sources in order for the reference signals to contain as
much information of that particular source as possible. In some applications,
several reference sensors are needed. Care must be taken using broadband
feedforward control since occurrence of undesired feedback from the secondary
sources to the reference sensors is at risk.

Feedforward or Feedback Control: An active control system could either be
based on feedback or feedforward technique or a combination of the two.
Feedforward control is used in applications where the noise and vibration
sources(s) are well known and synchronization signals or reference ’signals
derived from the sources are available. On the other hand, feedback con-
trol is usually used when reference signals are not available or the generation
of a suitable reference signal may be impractical or too costly. For example,
there might be a large number of different noise sources with reference signals
produced by accelerometers, microphones, tachometers, optical or inductive
sensors all of which have to be fed to the controller. Feedback control is
based on that the signal form the error sensor, sensing the resulting sum-
mation of the original and the secondary disturbance, is feed back to the
controller which in turn produce a control signal to the control path or plant
which results in a cancellation at the error sensor. By letting the feedback
controller loop gain assume large values the sound or vibration quantity un-
der control approaches zero. In practice, however, physical paths, such as the
electro-acoustic response of e.g. a loudspeaker and the acoustic path from the
loudspeaker to an error microphone, introduce time delay due to propagation
time and this will introduce increasing phase shift with frequency and thus
limit the performance of the control system. The performance of an active
feedback control system is limited by closed loop stability requirements, i.e.
the Nyquist stability criterion [41]. Hence, the frequency range of the control
system where the loop gain can be large is usually upper limited by the fre-
quency where the net phase shift in the open loop frequency response for the
feedback control system approaches [41]. Here, the magnitude of the open
loop frequency response for the feedback control system must be less than
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one in order to remain stable. In broadband applications the performance of
a feedback controller is largely determined by the delay in the feedback loop.
To obtain high performance a small delay in the feedback loop is required
[6]. This delay affects the length of the prediction interval of the controller,
i.e. how far into the future the controller has to produce an estimate of the
error signal [6]. Due to the inherent delay in digital controllers associated
with their processing time, A/D- and D/A- conversion processes, and analog
anti-aliasing and reconstruction filtering, analog feedback controllers are usu-
ally preferred for use in broadband applications [6]. However, in narrowband
applications the performance of a feedback controller is less sensitive to de-
lays in the control loop since narrowband signals exhibit more deterministic
behaviour. For example, in the active control of tool vibration in turning
an adaptive digital feedback controller may provide up to 40 dB attenuation
[42].

Global or Local Control: In local control, the focus lies on the reduction of
the disturbance in a certain volume, or at certain points of the system, and
no considerations are made outside this volume or these points. If ANC
is considered, the volume usually consists of the positions of heads or ears.
In local control, a number of error sensors are employed in this volume or
enclosure in order to sense the sound or vibration field. The inaccuracy in
the positioning and/or insufficient spatial resolution provided by the error
sensors, to represent the sound field in the entire enclosure, will limit the
achievable sound attenuation produced by the ANVC system

Global control is when an entire enclosed space, or a complete structure, is
considered. In global control, modes of an enclosed sound field, or a structure,
are subjected to active control. Usually only a few modes are dominant and
could be sensed by only a few well placed error sensors.

In applications of transportation vehicles driven by combustion engines the
r.p.m. of the engine/s is often varied in a wide range, which results in that
almost all modes of the enclosure are exited at one point or another depending
on the rotational speed of the engines. Therefore, local control is the most
used and suitable approach.

Single or Multi Channel Controller: In most environments of transportation
it is not sufficient to enable active control using only a secondary source
and a single error sensor. These applications involve more complex physi-
cal properties, such as larger enclosures or structures with many degrees of
freedom. In order for the controller to achieve a good attenuation, a multi-
channel controller is needed. One example would be a vehicle compartment
where a tonal primary source (engine) excites many different acoustic modes
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of the enclosure. In principle, the number of secondary sources needed to
obtain perfect sound cancellation in the enclosure is the same as the number
of acoustic modes present. Since the modal density increases rapidly with
frequency, active control of large enclosures is particularly difficult as the
frequency increases.

Single or Multiple Reference Controller: In many means of personal trans-
portation, the primary noise of the interior is periodic and produced by rotat-
ing engines and propellers. A single periodic source produces noise containing
essentially harmonic components related to the rotational speed of the en-
gine. However, several rotating sources running at almost constant speed
give rise to beating sound fields. Running conditions with a very slight dif-
ference in rotational speed is often unavoidable, for example in a luxury boat
equipped with two engines. In more sophisticated vehicles, for example an
aircraft, a synchro-phaser, or some kind of device synchronizing the engines,
may be used in order to avoid the beating sound fields. Unfortunately, such
synchronizing devices often limit the engine power and need to be switched
of when extra power is needed, for example when an airplane takes off. Bear-
ing this discussion in mind, the controller needs to be able to handle cases
with multiple reference signals when several engines are used. How successful
the controller is on handling beating sound fields depends on the structure
of the controller. A multi reference controller is generally based on either a
single-filter structure or a parallel-filter structure, employing several filters.
In the single-filter case, the reference signals are added in order to form a
composite reference signal which subsequently is used in the same manner as
in the single reference controller.

Placement of Error Sensors an Control Sources: The spatial arrangement of
error sensors and secondary sources in the enclosure, or structure, targeted
by active control is perhaps the most important step in the design. The prop-
erties of the frequency responses between the error sensors and the secondary
sources, in combination with the primary fields, will completely determine the
maximum obtainable attenuation [38]. The way to solve this problem is to
first localize all possible locations for the secondary sources and error sensors.
The number of possible locations should of course be larger than that which
later will be used by the controller. The primary sound and/or vibration
fields are recorded in these positions together with the control paths(transfer
function between secondary sources and error sensors). A subset of locations
is chosen and the performance is calculated for this subset. This performance
calculation is repeated for all possible subsets of error sensors and secondary
sources. The subset with the best attenuation is chosen. The problem is
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usually that the number of possible combinations gets very large and some
kind of optimization algorithm must be used, such as simulated annealing
[38]

3.3 Control Algorithms

In order to use active control of either sound or vibration, an adaptive controller
is usually needed. The adaptive properties are required in order for the controller
to adjust to variations in the primary sound or vibration fields.

The algorithms used in the thesis are all based on the well-known Lest Mean
Square(LMS) algorithm, [43] and [44]. A block diagram of the single channel(one
input and one output) LMS controller is shown in figure 5. The task of the con-
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Figure 5: Fundamental block diagram of a simple filter controlled by an LMS
algorithm.

troller is to adjust the filter weights, w(n) to mimic a desired signal d(n) by letting
a reference signal, x(n), pass the adaptive filter to produce the output, y(n). In
an active control application the primary noise or vibration is given by the signal
d(n) while y(n) is the output signal from the adaptive filter and input to the sec-
ondary source, and, finally, e(n) is the error signal measured by the error sensor.
The LMS algorithm implies that the error signal, e(n), is the difference between
the primary sound or vibration field and the output of the controller, y(n). A
complication arises, since there is usually a ”control path” between the controller
output and the error sensor (or to be correct, the controller input). In the case
of active noise control, the control path will consist of transfer functions of the
amplifier, the loudspeaker, the acoustic path between the loudspeaker and the mi-
crophone and finally the microphone itself. ”Forward path” or ”secondary path”
are also frequently used terms of the control path. Thus, in order to guarantee
convergence of the LMS algorithm, this forward path needs to be compensated for.
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LMS algorithms with this compensation are denoted filtered-x LMS algorithms. A
time domain version of a single reference filtered-x LMS controller is presented in
a compact vector notation for a multi-channel application in the following section.
This controller is used in the submarine project presented in Part IV of the the-
sis. Additionally, a multi-reference time domain controller is also shown, mostly
as a comparison to a frequency domain version as used in Part II. If only tonal
components (single frequencies) are targeted by the controller, the frequency do-
main version of the filtered-x LMS controller will require much less computational
power, which is particularly important in a multi-channel controller. Furthermore,
the controller structure will also be less complex with the frequency domain multi-
reference filtered-x LMS controller.

3.3.1 Single Reference / Multi-Channel Filtered-x LMS Algorithm

In Applications where only a single engine is present, a single reference controller
is sufficient. It is also possible to use a single reference controller if several engines
are used but then the engines need to be synchronized to run at the same speed
(r.p.m.). In some multi-engine cases, each engine might be treated separately
implying that one engine does not affect the other. This is usually not true if
the radiated sound power is targeted by the controller, but in the case of active
vibration control (vibration isolation) it could very well make sense. This line of
thinking is used in the submarine project. In many practical applications several
secondary sources as well as error sensors are needed lending them, usually, the
name of a multi-channel control algorithm.

A block diagram of a single reference multi-channel Filtered-x LMS controller
is shown in Fig. 6. This controller is intended to be used in an ASAC application
where the secondary sources consist of structural actuators and the error sensors
used are microphones. The reference signal, for a narrowband controller, is usually
derived from a synchronization signal picked up by a non-acoustical sensor of the
engine, such as a tacho signal. This is done in such a way that the reference signal
will contain all the frequencies(tonal) components that are to be attenuated by
the active control system. In a broadband application the reference signal usually
consists of one or several microphone signals and/or accelerometer signals. In the
case of a single reference controller, the reference signal is denoted x(n). If assuming
controller FIR filters each with J weights the reference signal vector is given by

x(n) =
[

x(n) x(n − 1) · · · x(n − J + 1)
]T

(17)
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Figure 6: Fundamental block diagram of a single reference multi channel controller
to be used for an ASAC(Active Structural Acoustic Control) application.
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The primary noise or vibration field can be attenuated by minimizing the sum
of the squares of the residual noise and/or vibration signals measured by M error
sensors. The error sensor signal vector e(n) is formed by the M error microphones
and/or accelerometer outputs and is defined as

e(n) =
[

e1(n) e2(n) · · · eM(n)
]T

(18)

A set of L secondary sources is used, which might be loudspeakers or structural
actuators. The output signal vector from the controller y(n) containing the L
secondary sources control signals is defined by

y(n) =
[

y1(n) y2(n) · · · yL(n)
]T

(19)

To each secondary source and reference signal(one in this case) a FIR control filter
is associated, yielding L control filters. The output to a single secondary source
yl(n) is calculated as a weighted linear combination between the reference signal
and the filter weights yl(n) = xT (n)wl(n). The JL× 1 vector w(n) represents the
adaptive weights associated with all L adaptive filters yielding,

w(n) =
[

wT
1 (n) wT

2 (n) · · · wT
L(n)

]T
(20)

Each filter wl(n) has the length J which is determined by the physical properties
of the application in question. Thus, each filter weight vector may be written as:

wl(n) =
[

wl0(n) wl1(n) · · · wlJ−1(n)
]T

, l ∈ {1, . . . , L} (21)

The output vector y(n) can now be expressed in a compact vector form as

y(n) = XT (n)w(n) (22)

where X(n) is an LJ × L block-diagonal reference signal matrix defined as

X(n) =




x(n) 0 · · · 0

0 x(n) · · · ...
... 0

. . . 0
0 · · · 0 x(n)


 (23)

The error signal vector measured with the M error sensors can be expressed as

e(n) = d(n) − yC(n) (24)

where d(n) is the primary field measured with the error sensors given by

d(n) =
[

d1(n) d2(n) · · · dM(n)
]T

(25)
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and yC(n) is the cancelling sound or vibration vector at the error sensors so that
yCm(n) is the superposition of the contribution of all the L secondary sources
at error sensor m. Assuming that the control paths can be described with Ith-
order FIR filters, with coefficients cml(i), i ∈ {0, . . . , I − 1}, m ∈ {1, . . . ,M} and
l ∈ {1, . . . , L}, the vector yC(n) can be expressed as

yC(n) =
I−1∑
i=0

C(i)y(n − i) (26)

where

C(n) =




c11(n) c12(n) · · · c1L(n)
c21(n) c22(n) · · · c2L(n)

...
...

. . .
...

cM1(n) cM2(n) · · · cML(n)


 (27)

is the matrix containing the impulse responses of the control paths. The element
yCm(n) is given by yCm(n) =

∑L
l=1

∑I−1
i=0 cml(i)yl(n− i). By combining Eq. 24 with

Eq. 22 and Eq. 26, the error signal vector, e(n) could be expressed as

e(n) = d(n) −
I−1∑
i=0

C(i)y(n − i) (28)

= d(n) −
I−1∑
i=0

C(i)[XT (n − i)w(n − i)] (29)

In order for the algorithm to adjust the filter weights to yield the output signals,
a minimization criterion is needed. The LMS algorithm minimizes the sum of the
squared error signals measured at the M error sensors. Hence, the cost function to
be minimized is given by

ξ(n) =
M∑

m=1

e2
m(n) = eT (n)e(n). (30)

The weights are updated in the negative direction of the instantaneous gradient
based on the minimization of the cost function.

w(n + 1) = w(n) − µ

2
∇ξ(n) (31)

The instantaneous gradient estimate in the LMS algorithm consists of the derivative
of the cost function ξ(n) with respect to the weights of the filter. A step size µ is
also introduced in order to ensure convergence. For simplicity, we start by looking
at one of the l weight sub-vectors wl(n) in the JL × 1 vector w(n), where wl(n)
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is the filter weights for the filter producing the output yl(n). The gradient of the
cost function ξ(n) with respect to the weight vector wl(n) is given by

∇wl(n)ξ(n) =
M∑

m=1

2
(∇wl(n)em(n)

)
em(n) (32)

where

∇wl(n)em(n) =




∂em(n)

∂wl0(n)

∂em(n)

∂wl1(n)

...

∂em(n)

∂wlJ−1(n)




(33)

The derivative of the error signal with respect to each coefficient is taken and given
by

∂em(n)

∂wlj(n)
=

∂(dm(n) − ∑L
l=1

∑I−1
i=0 cml(i)yl(n − i))

∂wlj(n)
= −cml(n) ∗ ∂yl(n)

∂wlj(n)
(34)

where ∗ denotes linear convolution. Here, we have used the fact that the de-
sired signal dm(n) is independent of the filter weights, and we have assumed that
wlj(n), l ∈ {1, . . . , L} and j ∈ {0, . . . , J − 1}, are time invariant. The partial
derivatives on the right hand side are expanded, yielding:

∂em(n)

∂wlj(n)
= −cml(n) ∗ x(n − j) (35)

The sub-gradient vector of the instantaneous cost function can now be written as

∇wl(n)ξ(n) = −2
M∑

m=1


cml(n) ∗




x(n)

x(n − 1)

...

x(n − J + 1)





 em(n) (36)

By assembling the L sub-gradients to form the gradient vector yields

∇ξ(n) = −2XC(n)e(n) (37)
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where XC(n) is given by

XC(n) =




c11(n) ∗ x(n) c21(n) ∗ x(n) · · · cM1(n) ∗ x(n)
c12(n) ∗ x(n) c22(n) ∗ x(n) · · · cM2(n) ∗ x(n)

...
...

. . .
...

c1L(n) ∗ x(n) c2L(n) ∗ x(n) · · · cML(n) ∗ x(n)


 (38)

This yields our weight update equation according to Eq.31 for the single reference
multi-channel filtered-x LMS controller

w(n + 1) = w(n) + µXC(n)e(n) (39)

In order to prevent the LMS algorithm from experience divergence, a leakage coef-
ficient is introduced, giving a new update equation

w(n) = γw(n + 1) + µXC(n)e(n) (40)

where γ is the leakage factor limited by 0 < γ < 1. The leakage factor causes the
filtered-x LMS algorithm to behave as if low level white noise was added to the
reference signal. Hence, it improves the positiveness of the correlation matrix and
thus have the effect of increasing the robustness to errors within the estimates of
the control paths [6, 8].

The update equation for the l specific control filter could be expressed as

wl(n + 1) = γwl(n) + µ
M∑

m=1

cml(n) ∗ x(n)em(n) (41)

In real applications, the control paths needs to be estimated and the control path
matrix C(n) is replaced with Ĉ(n). For convergence in the mean of the adap-
tive FIR-filters, from a theoretical point of view, the step size µ is bounded by
0 < µ < 2/λmax [8] where λmax is the greatest eigenvalue of the correlation matrix
E[XC(n)XT

C(n)]. However, using estimates of the control paths and thus an esti-
mated control path matrix Ĉ(n) yields a correlation matrix E[XĈ(n)XT

C(n)]. As
a consequence, for convergence in the mean of the adaptive filters, the step size
µ is now bounded as 0 < µ < 2(Re(λlj + α)/|λlj + α)|2)min, [6, 8], where λlj is
an eigenvalue of the correlation matrix, α is a real positive constant related to the
leaky coefficient as γ = 1 − µα.

The length of each FIR filter describing the control path depends, of course,
on the sampling rate and the physical properties of the vehicle. The length of the
FIR filters for the control paths and the FIR filters in the control are independent
of each other.
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3.3.2 Multi Reference / Multi-Channel Filtered-x LMS Algorithm

In applications where several sources are present, such as in a twin engine propeller
boat, a multi-reference controller is usually advantageous to control the vibration
and sound responses excited by the separate sources. For instance, in the twin
engine boat application it is almost impossible to control the engines to run at the
same r.p.m. continously and thus in terms of the engine orders and the propeller
blade pass frequencies the engines may not be considered as a ”single” source. A
general multi-reference multi-channel filtered-x controller is presented with R refer-
ence signals. A block schematic of the multiple reference multi-channel Filtered-x
LMS controller is shown in Fig. 7. The reference signal vector is defined as

x(n) =
[

xT
1 (n) xT

2 (n) · · · xT
R(n)

]T
(42)

where xr(n) is defined as for the single reference case

xr(n) =
[

xr(n) xr(n − 1) · · · xr(n − J + 1)
]T

(43)

The big difference here, compared to the single reference case is that there is one
adaptive filter for each reference signal and each output resulting in a total of L×R
adaptive filters. The secondary signal output to the lth secondary source consists
of the contribution from the filtered R reference signals according to

yl(n) =
R∑

r=1

ylr(n) =
R∑

r=1

wT
lr(n)xr(n), l = 1, 2, ..., L (44)

In analogy with Eq. 22 for the single reference case, the output can be written as

y(n) = XT (n)w(n) (45)

where

X(n) =




x(n) 0 · · · 0

0 x(n) · · · ...
... 0

. . . 0
0 · · · 0 x(n)


 (46)

is now a RLJ×L block-diagonal matrix, where x(n) =
[

xT
1 (n) xT

2 (n) · · · xT
R(n)

]T

The weight vector is a RLJ × 1 vector contaning RL filters each of length J ac-
cording to

w(n) =
[

wT
1 (n) wT

2 (n) · · · wT
L(n)

]T
(47)

where each vector wl(n) is composed of the coefficients of the adaptive FIR filters
controlling the secondary source l according to

wl(n) =
[

wT
l1(n) wT

l2(n) · · · wT
lR(n)

]T
(48)
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Using this formalization the weight update equation can be derived in a similar
manner as for the single reference case according to

w(n + 1) = γw(n) + µXC(n)e(n) (49)

where XC(n) are derived as in Eq. 38. The weight update equation for the specific
control filter, filtering the reference signal xr(n), could be expressed as

wlr(n + 1) = γwlr(n) + µ

M∑
m=1

[cml(n) ∗ xr(n)]em(n) (50)

Again, a lot of FIR filters are needed and with long filters (a common length in
active control application would in the range from 2-512 taps) a large computational
capacity is sometimes required. For convergence in the mean of the adaptive filters,
the step size µ is now bounded as 0 < µ < 2(Re(λlrj + α)/|λlrj + α)|2)min, [6, 8],
where λlrj is an eigenvalue of the correlation matrix E[XĈ(n)XT

C(n)], α is a real
positive constant related to the leaky coefficient as γ = 1 − µα. Moreover, a
variety of different versions of this standard multi-reference multi-channel filtered-
x LMS controller has been developed over the years. Such versions are presented
in Part II of the thesis. This frequency domain version shows a large reduction
in computational complexity with maintained convergence speed for narrowband
control.
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Figure 7: Fundamental block diagram of a multiple reference multi channel con-
troller used in a ASAC(Active Structural Acoustic Control) application.
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4 Thesis Outline

The thesis consists of four publications, denoted Part I - Part IV. This section
gives an overview of the publications.

Part I may be seen as the odd duckling of the four. In this part speech enhance-
ment algorithms are studied and in particular spectral subtraction. The algorithms
are intended for use in a car hands-free situation as an add-on kit to a mobile tele-
phone. The variability in both the speech estimate and the noise estimate are
reduced in a non-parametrical way which leads to high noise attenuation with only
moderate speech distortion. The project started out in collaboration with a small
company in Blekinge, Celltech AB, which sells and manufactures accessories for
mobile telephones. The work resulted in a patent application. Celltech AB, how-
ever, did not want to go all the way to implement the algorithms in a commercial
product. Instead, the patent rights went to Ericsson Mobile Platforms AB for
implementation in mobile telephones. The patent is today held in some twenty
different countries.

In 1996 the Swedish defense health organization found that several of the heli-
copter pilots suffered from hearing damages. Investigations were conducted where
the noise level inside the ear-cups of the headset(inside the helmet) were measured.
The result showed no harmful noise level, but still the pilots ended up with severe
hearing loss. A project group was formed to investigate the background of the
health problem, and possibly to design, apply and evaluate a suitable solution.
Part II addresses the deeper analysis of the sound problems in the Super Puma
Rescue helicopter. The problem was found to be a speech intelligibility problem.
The noise levels inside the ear cups originating from the main and tail rotors were
not harmful by themselves. The noise was merely masking the speech in the inter-
com system and in order for the pilots to hear the communications correctly the
level of the intercom system was put at maximum level, which in its turn lead to
harmful sound levels. The solution was to apply three different techniques; active
noise control to reduce the sound level inside the ear cups which would decrease
the masking effects; spectral subtraction as presented in Part I in order to reduce
the noise entering the intercom system via the headset microphones; directional
hearing, where the different users of the intercom system could be placed in dif-
ferent virtual locations in the spatial domain resulting in that approximately 6 dB
lower sound levels of the speech could be used with the same speech intelligibility.

During the work with the helicopter project my interest in sound and vibration
problems, as well as in active noise and vibration control, grew. In the year of
1997 the AVIIS (Active Vibration Isolation In Ships) project started where the
goal was to reduce the sound and vibration levels on a luxury cruiser. Part III
describes the extensive pre-analysis of the sound and vibration from an active
control perspective. It is my belief that if active control should be applied to a
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complex structure, such as a luxury boat, with successful results, a very thorough
investigation of the physical properties to the underlying structure and the primary
sound and vibration fields needs to be performed. In this project four different
passive engine mounts in combination with a thrust bearing were evaluated in
order to find transmission paths, sound distribution, vibration levels etc. The
pre-analysis ends with a prediction of the performance for a narrowband active
control system based on recorded vessel data. The AVIIS project was evaluated
as one of six particularly successful projects from fifty projects founded by the
KK-foundation (Knowledge and Competence) in their “Hög-satsning”, presented
in “Utvärdering av högskoleprojekt”

During my years as a Ph.D.student working with active control, and especially
with the AVIIS project, a lot of insight was gained in practical active noise and
vibration installations. The inertial mass actuator became an everyday tool to
work with. Professor Colin Hansen at the Department of Mechanical Engineering
at the University of Adelaide took contact, and asked us to bring the actuators
used in the AVIIS project, for them to be applied in the ”largest” active vibration
control project down under. The goal in this project was to attenuate low order
harmonics generated by the main diesel engines in a Collins Class submarine. Part
IV describes the active installation using seven inertial mass actuators at each
mount, hence minimizing the transmission of vibratory energy in all six degrees of
freedom from the engines to the hull. An exhaustive evaluation of the practical
experiments is also presented.

Part I - Spectral Subtraction with Extended Methods

Speech is probably the most important means of communication between humans
and in the near future also between humans and machines. High speech intelligi-
bility and sound quality are important and can be improved by means of signal
processing. In Part I, a novel method based upon spectral subtraction is presented
to enhance a noisy speech signal. Spectral subtraction employs estimates of the
noise spectrum and the noisy speech spectrum to form a frequency selective gain
function, based on the Signal to Noise Ratio, SNR(f). The incoming signal spec-
trum is multiplied with the gain function, thus suppressing frequency components
with low SNR(f). The main disadvantage of using conventional spectral subtrac-
tion algorithms where high noise attenuation is required is the annoying “musical
tones” which are very disturbing to the listener. The musical tones are mainly due
to variance in the spectrum estimates. To solve this problem Bartlett’s method can
be used in order to reduce the variability in the spectral estimates. The Bartlett
method utilizes the fact that the current input block is divided into several sub-
blocks and a lower resolution estimate is performed, which has reduced variability.
Two different approaches are considered; one where only the variance in the noise
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spectrum estimate is reduced and the other where the variance in both the noise
spectrum estimate as well as the noisy speech spectrum estimate are reduced. The
noise estimate should only be updated when no speech is present, hence a robust
speech detector or voice activity detector was also designed.

The method was originally intended to use in a hands-free car mobile telephone
but has also showed excellent results in helicopter intercom systems as presented
in part II. Also the JAS Gripen fighter aircraft ground-clearing intercom system
has made use of a special variant of the algorithm. Although a wide variety of ap-
plications exist, Part I only evaluates a real-time implementation of the algorithm
on a Texas Instruments C31 DSP in a car environment. The evaluation is done
before the speech is coded and transmitted over the telephone network as well as
on the receiver end.

Part II - A New Passive/Active Hybride Headset for a He-
licopter Application.

Part II addresses active noise control in a headset application. The headset pro-
posed is based on the ANC system used in combination with a communication
system to enhance speech intelligibility and improved audibility within a noisy
environment. The headset combines several techniques. The passive ear-cups at-
tenuate both broadband and narrow-band noise, in particular at higher frequencies.
The level of the remaining low frequency noise inside the ear-cups is not normally
harmful to the human ear, but such noise often masks and corrupts communica-
tion. For this reason one tends to turn up the volume of the intercom system to
high level, which leads to sound levels which are harmful to the human ear. In or-
der to reduce the volume of the intercom system and increase speech intelligibility,
the level of the lowfrequency background noise inside the ear-cups was attenuated.
This was partly done by applying active noise control. The active control system
consists of a feedback and feedforward part. The analog feedback controller attenu-
ates low frequency broadband noise while the digital feedforward controller reduces
harmonic low frequency noise. The control algorithm used to attenuate the har-
monic components is the complex filtered-x LMS algorithm. Furthermore, in order
to increase speech intelligibility, spectral subtraction as presented in Part I is also
performed on the output signal from the communication microphone, resulting in a
higher signal-to-noise ratio (SNR) in the intercom signal. The unprocessed micro-
phone signal contains a considerable amount of helicopter noise which is injected
into the communication system. During communication the noise picked up by the
microphone from one pilot is fed directly to the other pilot’s headset. To conclude,
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no matter how good attenuation the ear-cups yields, a lot of low frequency noise
still enter the ear-cups via the intercom system. Hence, low noise levels are obtained
inside the ear-cups even during communication. Spectral subtraction reduces the
low frequency noise entering from this path.

Results are presented from an evaluation of the hybrid headset using data
recorded in an AS332 Super Puma MKII helicopter. The data was recorded during
flight. The evaluation shows that a combination of the different methods results in
an efficient noise attenuation. The attenuation is approximately 20 dB broadband
in the frequency range 50−400 Hz, and further a 20 dB attenuation is obtained for
the controlled tonal components. At the same time, spectral subtraction improves
the SNR in the outgoing speech signal by approximately 20 dB with only moderate
speech distortion.

Part III - AVIIS, Active Vibration Isolation In Ships: A
Pre-Analysis of the Sound and Vibration Problems

The main objective with this project was to reduce the low frequency noise in
the saloon (cabin) of a middle class leisure boat, thereby increasing the passenger
acoustical comfort. This approach can of course be applied to any compartment
onboard the boat.

Measurements showed that low frequency tonal components dominate the noise
inside the saloon and that these components originate from the two engines and
the two propellers, for frequencies up to about 500 Hz. If these tonal components
could be reduced, a significant reduction in dBA level is possible. It is also shown
that the dominant sound in the saloon is due to structural borne noise, and only
to a small extent directly due to radiated sound from the engines. The proposed
method for reducing the amount of transmitted vibration power into the hull was to
use a combination of passive isolators and dynamic vibration actuators, a so-called
combined passive/active engine mount.

The engine vibrations propagate primarily through the engine mounts into the
hull. For the propellers there are two alternative transmission paths; either through
the water into the hull or through the propeller shaft into the engine and through
the engine mounts to the hull. If the dominating vibration paths were through the
engine mounts, it would be possible with properly designed engine mounts, to han-
dle both vibration sources, i.e. (engines and propellers). In order to establish the
transmission paths for the vibrations, several passive engine mounts in combination
with a thrust bearing were evaluated.

In one of the test configurations the engines were mounted rigidly to the hull,
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which facilitates the possibility to calculate the vibration attenuation for each of the
other passive engine mount installations. It is shown that for an engine mount with
adequate attenuation, measured as the difference between the vibratory energy on
the engine side versus the hull side, still could have a very low insertion loss. In
other words, the passive engine mounts almost have no vibration attenuation at all
below 300Hz which is somewhat surprising.

When the engines were rigidly mounted, the vibrations were measured in all
three directions in order to decide whether it would be necessary for the active
system to work in all directions or if there was a dominating direction for the
vibrations. Hence a much simpler active control system could be applied working
perhaps in only a single direction.

Shipyards usually use the engine mounts recommended by the engine manufac-
turer when designing a vessel. In this investigation inquiries were done in order
to see how much sound and vibration attenuation could be gained if passive en-
gine mounts were optimized and combined with a thrust bearing. The design of
the optimized system aimed at finding the right stiffness for the engine mounts
for just this boat/engine combination. The results turned out to be somewhat
unexpected........

At the final part of the pre-analysis, a prediction of the performance for a
potential active system is evaluated. The prediction is based on narrow-band feed-
forward control since it is only the tonal components originating from the engines
and propellers that will be targeted by the controller. The prediction algorithm
uses measured transfer function between actuators and error sensors in combina-
tion with measured primary fields for some different driving conditions. The results
are quite satisfying, and an implementation of an active control system onboard is
recommended to be outlined.

Part IV - Active Control of Engine Vibrations in a Collins
Class Submarine

Submarine manufacturers invest considerable effort and money in improving the
attenuation of noise radiated by submarines into the water. A number of different
noise sources contributes to the total acoustic signature on an advanced subma-
rine, such as the Collins Class submarines. The last part of the thesis focuses
on the problem associated with low order harmonics generated by the main diesel
engines, transmitted through the engine mounts into the hull, and subsequently
radiating into the water. Traditionally, when engines are mounted on light and
flexible structures, passive engine mounts, usually made of rubber or neoprene, are
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used to reduce the transmission of vibratory energy from the engine to the sup-
porting structure. In the case of the Collins Class submarine, a two-stage isolation
system with an intermediate mass is used. To even further reduce the vibration
transmission, passive isolators can be augmented with an active vibration isolation
system. In the current Collins Class submarines, each diesel engine is supported by
eight two-stage mounts, allowing independent control of each mount, which would
significantly reduce the complexity of the active control system required. To im-
plement the active system, the intermediate mass would be equipped with seven
actuators and seven error sensors in order to reduce the vibration in all six degrees
of freedom, assuming that the intermediate mass only moves in rigid body modes
in the frequency range of interest.

The actuators suggested to be used are of an inertial mass type. A thorough
investigation is conducted into how the electrical and mechanical systems interact
in an inertial mass actuator, in order to be able to tune the actuator in terms
of resonance frequency and output force. The investigation also facilitates the
dimensioning of the amplifiers that driving the actuators. In this manner, the total
power consumption used for the active installation can be predicted.

A test rig was built to mimic the real engine mount onboard the submarine. The
intermediate mass weighed 490 kg. A static load of 580 kg was also used, situated on
top of the test rig to simulate the static load of the engine. The test rig was exited
with vibration levels similar to the measured levels on the submarine, in order to
provide more reliable results regarding the issue if actuators can handle the real-
life forces or not. Experiments were conducted in order to evaluate the behaviour
when fewer actuators were used on each intermediate mass. Observe that if all the
intermediate masses (24, three engines and 8 mounts for each engine) should be
equipped with 7 actuator a total of 168 actuators is needed, which, probably, is an
unrealistic number of actuators.
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Abstract

This report presents a novel method based upon spectral subtraction
to enhance a noisy speech signal . Two new ideas on how to reduce the
variability in both the speech and noise estimates are evaluated. The method
is aimed for use in hands-free car mobile telephones as an add on kit. A
noise suppression of at least 20dB is obtained when no speech distortion is
allowed. A realtime evaluation, with a TMS320C31, in a car environment
is done. Studies have been made to investigate the performance when the
speech is transmitted over the telephone network. The report also presents
a robust speech detector working in the frequency domain.

1 Introduction

One of the fastest growing means of communication is the mobile telephone. How-
ever, in the car environment a major problem is the background noise and we pro-
pose a novel spectral subtraction method to enhance the audibility. Many methods
have been proposed to enhance the speech [1-5]. The intention with this report is
to describe a cheap and simple single microphone solution to improve the speech
quality in a handsfree car telephone system. The major demand on the system is
that it should be easy to install as an add-on feature on existing handsfree units
at a reasonable cost. With respect to the above conditions a ”single microphone
solution” was implemented. Spectral subtraction suffers from artificial background
noise and, under adverse conditions, severe speech distortion. In this connection we
propose an improvement of this algorithm yielding acceptable results. The main
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Figure 1: A handsfree system with typical disturbances.

feature and improvement consists of minimizing the variability both in the noise
and speech signal estimates.

2 A Car Handsfree System

Background acoustic noise and acoustic echoes represents some of the major prob-
lems in mobile voice communications, in particular in hands-free mobile telephone
systems. Starting with the microphone which picks up the speech and feeds it into
the telephone, the microphone not only captures speech but also background noise
and sound arriving from the loudspeaker. The background noise mainly originates
from tires and engine. The loudspeaker signal comes from the far-end talker, who
often experiences an acoustic echo. Different types of noise reduction and echo
cancellers have been proposed [1-8]. In this report the focus is on the speech en-
hancement problem only. An important issue is where the noise canceller should
be connected. There are two possible positions, directly after the microphone or
between the handsfree system and the telephone. The latter is chosen, since the
signal level is higher here and the matching between the microphone and ampli-
fiers in the handsfree system is not disturbed. In figure 1.1 a handsfree system is
depicted.

3 Theory

Speech enhancement and recognition is either model-based, where typical solu-
tions includes Markov Models, Predictors and Lattice filters [9] or non-parametric
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based on a spectral description of speech, such as Short-Term Spectrum or Cepstral
techniques[10]. The method presented here is a non-parametric method based on
the additive feature of noise in the magnitude of the FFT coefficients.

3.1 Spectral Subtraction

This method enhances noisy speech by estimating a noise bias in the magnitude
in the frequency domain. The speech is modeled as a random process to which
uncorrelated random noise is added. The noise estimation is bound to be done
during ”talker inactive” (silent) time frames and the magnitude of the estimated
noise power spectrum is subsequently subtracted from the Fourier transformed
near-end ”talker active” time frames. Let s(n), w(n) and x(n) be stochastic short-
time stationary processes representing speech, noise and noisy speech, respectively.
From

x(n) = s(n) + w(n) (1)

and by assuming that s(n) and w(n) are uncorrelated processes it follows that

Rx(f) = Rs(f) + Rw(f) (2)

where R denotes the power spectral density of a random process. The power
spectral density magnitude for w(n) is estimated and subtracted according to

R̂s(f) = Rx(f) − R̂w(f) (3)

To estimate the power spectrum density we start with the simple periodogram
which is evaluated with

R̂x(f) = Px,N(f) =
1

N

∣∣∣X̂(f)
∣∣∣2 (4)

where X̂(f) is the short time Fourier transform of x(n) and N denotes the block
length. If we combine (3), and (4) we get∣∣∣Ŝ(f)

∣∣∣2 = |X(f)|2 −
∣∣∣Ŵ (f)

∣∣∣2 (5)

This is the conventional squared (power) form. Alternatively, the straight-forward
amplitude spectrum is often used∣∣∣Ŝ(f)

∣∣∣ = |X(f)| −
∣∣∣Ŵ (f)

∣∣∣ (6)

However, the phase must also be estimated. Speech is rather insensitive to
phase distortion, which encourages certain simplifications [10]. There is no straight-
forward way to compute the clean speech phase spectrum φS, but it is often suffi-
cient to use the noisy speech phase spectrum φX , as an estimate yielding
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φŜ � φX (7)

Finally, the estimate of the frame of speech resulting from the spectral subtrac-
tion is recovered from the FFT estimate

Ŝ(f) =
∣∣∣Ŝ(f)

∣∣∣ eiφŜ =

(
|X (f)|2 − k ·

∣∣∣Ŵ (f)
∣∣∣2)

1
2

· eiφX (8)

A more general expression is

Ŝ(f) =
(
|X (f)|a − k ·

∣∣∣Ŵ (f)
∣∣∣a) 1

a · eiφX (9)

This is the common general form of spectral subtraction with extra parameters
added to make the subtractor more versatile [10]. The power exponent a is typically
chosen to be one or two and further the amount of subtraction can be varied by the
parameter k. Some form of rectification is also common, see below. The variance
of the estimates limits the performance and thereby limits the SNR improvement
on the output signal. We therefore rewrite the expression as follows

Ŝ(f) =



|X (f)|a − k ·

∣∣∣Ŵ (f)
∣∣∣a

|X (f)|a




1
a

· |X (f)| eiφX (10)

The curly brackets term is merely interpreted as a multiplicative factor for each
frequency on the incoming spectrum X(f) = |X (f)| eiφx. The main idea is now
to reduce the variability in this multiplicative term in frequency by reducing the
resolution and blocksize, while full block size must be maintained in the trailing
part in Eq. 10 representing the original incoming speech signal.

3.2 Variance Reduction in Spectral Estimators

The simple FFT Periodogram is not a consistent estimate of the true power spec-
trum although it is an asymptotically unbiased estimator of the spectrum. Since
low-resolution estimates of the spectra forming the multiplicative term is sufficient
and smoothness and low variance is needed, the Bartlett (or Welch) method is
used here. We simply average windowed periodograms by subdividing the Master
Block Length (MBL) N into K nonoverlapping (overlapping with Welch) segments
of length M and we then average the individual periodograms that results from
each of the K data segments. By using this method we reduce the variance in a
conventional spectral estimate by a factor of K. With Welch’s method a larger K
can be obtained by allowing overlap, but the variance is improved by a factor less
than K, although larger than the K-value for the Bartlett method.
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We now assume that we are working with a data vector x(n) with master block
length N and subdivide the N-point sequence into K nonoverlapping segments,
where each segment has length M. For each segment we compute the periodogram
and average yielding

Pxx(f) =
1

K

K−1∑
k=0

Pxx,M,k(f) (11)

By using this method we reduce the variance in return for a lower resolution in the
frequency domain. Assuming uncorrelated subblocks the variance is given by

var[Pxx(f)] =
1

K2

K−1∑
k=0

var[Pxx,M,k(f)] =
1

K
var[Pxx,M(f)] (12)

3.3 Further variance reduction

The variance in the noise estimate can be further reduced by averaging over several
master blocks, usually with an exponential block number decay

PL(f) = α · P(L−1)(f) − (1 − α) · Pnew (13)

and by choosing α close to 1, a more robust noise estimate is obtained.

4 Algorithms

Two different algorithms based on the spectral subtraction method are presented.
The first algorithm, denoted (SAN) is reducing the variance in the multiplicative
factor, both for Signal And Noise. The second algorithm, denoted NO (Noise
Only) reduces the variance in the noise estimate forming the multiplicative factor
in Eq. 10. The two algorithms give different results in noise reduction and speech
distortion. The telephone bandwidth is 300 Hz to 3,4 kHz implying that a sampling
rate FS = 8KHz is sufficient. Speech can be regarded as approximately stationary
over 20-40 ms [10]. This gives a typical block length of 256 samples, which is
denoted the MasterBlockLength N .

4.1 Speech And Noise Algorithm, SAN

The block diagram in Fig. 2 depicts the first algorithm. Observe that the separa-
tion into phase and amplitude information can be avoided when writing spectral
subtraction as a multiplicative term on the incoming spectrum. This saves calcula-
tion time and makes the algorithm faster. Another advantage is that this algorithm
also reduces the variance of the speech term in the multiplicative term. In the other
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Figure 2: Speech And Noise Algorithm, SAN.

algorithm, NO, we only reduce the variance in the noise estimate. However, care
must be taken in order to avoid problems when the denominator is close to zero.
Boxes in shaded regions are explained in more detail below. The noise estimate
should only be updated while no speech is present, thereby the speech detector.
We divide the original sequence x(n) into blocks of length N , the Master Block
Length (MBL). Putting the block length as an index in Eq. 10 we obtain

YN = ŜN = (|X|aN − k · |W |aN)
1
a · XN

|X|N
(14)

YN = ŜN =

{ |X|aN − k · |W |aN
|X|aN

} 1
a

· XN (15)

By subdividing into K smaller segments of length M and by using the Bartlett
method and zeropadding we can reduce the variance in the multiplicative term by
K both in the speech estimate and the noise estimate. Further reductions can be
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obtained with the exponential decay averaging over Master Blocks. We obtain

YN = ŜN =

{
|X|aA,M↑N − k · |W |aA,M↑N

|X|aA,M↑N

} 1
a

· XN (16)

where (A,M ↑ N) denotes an Averaged M-to-N interpolated (zeropadded) fre-
quency function. We now have a simple algorithm on the form

YN = GA,M↑N · XN where GA,M↑N =

(
1 − k · |W |aA,M↑N

|X|aA,M↑N

) 1
a

(17)

Only the constant GA,M↑N is calculated in reduced resolution yielding less variabil-
ity. The phase is not needed here.

4.1.1 The Noise Estimation

To illustrate a noise estimation with low variance, the Bartlett method is used.
The input signal divided into blocks of Master Block Length (MBL) N , is further
chopped into K smaller smaller subsegments, each with equal length M , denoted
the Averaging Block Length (ABL). Every subsegment is then zeropadded to N
samples fitting the upper incoming FFT-length N as shown in Fig. 3. Chopping
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the Master Block Length into smaller segments and performing FFT on each seg-
ment and averaging will lower the frequency resolution and reduce the variance
in the estimate by the same amount. The zeropadding does not increase the fre-
quency resolution, it merely performs an interpolation back to the the Master Block
Length, N .

Finally, a simple exponential averaging over several Master Blocks is performed,
Fig. 4. This is done individually for all frequency points on the FFT-grid.

4.2 Noise Only-Algorithm, NO

A block diagram of the Noise-Only algorithm is shown in Fig.5. Algorithm NO
reduces the variance in the noise estimate only.

4.3 Controlling Parameters

In the algorithms parameters which are vital to choose appropriately in order to
obtain optimum behaviour are:

• The subtraction parameter k which selects the amount of noise which is
subtracted from the speech signal. Typical values for k is ranging from 0.6
to 1.0. If too large values are used, ”musical tones” can be heard.

• N , MBL is the Master Block Length with typical values (powers of two) 128,
256, 512, 1024.
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• M , ABL is the Averaging Block Length and controls the frequency resolu-
tion in the weight estimation and the variance reduction. Typical values are
16,32,64,128, also confined to a power of two.

• The exponential decay parameter α controls the temporal averaging of noise
estimates over frames. The effective averaging time can be approximated
with N/(1 − 2α). Typical value of α are 0.98-0.999. If α is very close to one
it might not be necessary to use a speech detector since most of the time,
there is no speech present. Hence the noise dominates the noise estimate
sufficiently.

• The power factor a, is the parameter that strongly influences the amount
of ”synthetic background noise” the listener experiences. Typical values are
ranging from 0.5 to 2. Implementation aspects limit the value set to 0.5,1,2.
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Figure 6: Left: Noise spectrum, Right:Speech and noise spectrum

4.4 The Speech Detector

In order to robustly detect when speech is present, a speech detector was developed.
Since we have access to the frequency spectrum of the input signal, we let the
detector work in this domain. In Fig. 6 the noise and the speech + noise spectrum
can be observed. From this picture, the differences in the spectra is more marked
at higher frequencies. The detector is therefore set to operate on frequencies from
2.0 kHz to 3.5 kHz. Further a long time noise estimat, WL is calculated with the
exponential decay factor, Lα much closer to one than for the normal noise estimate.
If Eq.18 is fulfilled, there is speech present.

3.5∑
f=2.0

|W |A,M↑N (f) ≥ γ

3.5∑
f=2.0

|WL|A,M↑N, (f) (18)

The factor γ in Eq. 6 is empirically determined to 1.1.
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Figure 7: The car microphone original input sequence. Sound file is rek0.wav

5 Choice of parameters

This chapter concentrates on how to choose the different parameters and how they
affect the SAN algorithm and output signal. The original sequence comes from
a live conversation in a car while driving at 120 km/h and the sentence that is
read is in Swedish and says ” Det var det inte”. The car is a rather noisy Ford
Fiesta XR2. Each parameter is varied, one at a time around a nominal parameter
setup choice while the others are kept constant. All plots are supplemented with
sound files (in .wav format) which is done to give the reader an opportunity of a
subjective evaluation.

5.1 The subtraction parameter k

The most vital parameter is the subtraction factor k and we figure that it is a
good idea to let the talker control this parameter with a knob. To illustrate how it
affects the algorithm, a number of plots and soundfiles are given. Fig. 7, is done
with k equal to zero, i.e. no subtraction at all is performed. The other parameters
are throughout this section chosen as, Master Block Length N = 1024, Average
Block Length M = 64 and the Power Factor a = 1.

In figure 8 the subtraction is increased to k = 0.6, and it is clearly visible and
audible that the noise is reduced. When k = 0.6, the speech, as can be heared, is
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Figure 8: SAN algorithm with k = 0.6. Corresponding sound file is rek06.wav

essentially intact.
An interesting question is how much can k be increased until the the speech is

severely distorted? In Fig. 9 k is chosen to 0.9. The noise is reduced further, and
the speech quality is lower, although acceptable. Finally, in figure 10, the factor k
is increased to 1.5. The speech is now distorted to an unacceptable level. Different
tones can be heard, a phenomena denoted ”musical tones” which often occurs when
k exceeds 1.0. A suitable choice is in the range of 0.6−0.95 and should be adjusted
be the operator, since under some conditions it might be preferrable to lower the
noise level and accept more speech distortion, while under other circumstances and
to certain talkers, it is not acceptable to have any distortion at all.

5.2 Master and Averaging BlockLengths

In this section we discuss the choice of Master Block Length,N and Averaging Block
Length. The essential evaluation must be performed on the sound files, since noise
suppression is not the central issue here. Instead, it is the speech quality that is in
focus. The following table summarizes the combinations any which combinations
that yield good results.

The Master Block Length N = 2048 has not been taken into account,since it
would give unacceptable delays. Shorter Averaging Block Lengths, makes the noise
estimate smooth and robust, since it is averaged more times.
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Figure 9: SAN algorithm with k = 0.9. Corresponding sound file is rek09.wav
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Figure 10: SAN algorithm with k = 1.5. The name of the sound file is rek15.wav
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Figure 11: Results on the SAN algorithm for different combinations of the Master
(on vertical axis) and Averaging Block Lengths (on horizontal axis).
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Figure 12: The noise estimate with M = 32 and M = 128.
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Figure 13: SAN algorithm with a = 1. Corresponding sound file is rea1.wav.

5.3 The power factor a

The third parameter which is varied is the power factor a with values [0.250.51.02.0].
The most common case is when a is equal to 1.0 which refers to a spectral sub-
traction on spectral magnitudes directly. The other parameters in this section are
chosen to, N = 1024, ABL = 64, k = 0.8, while a is varied. We continue with
performing the subtraction on the power spectra, a=2. We obtain Fig. 14. This
approach is sometimes denoted correlation subtraction. As both can be seen and
heard the noise level has increased when we use a=2 instead of a=1.

We take the opposite direction and choose a=0.5 yielding surprisingly good
results, see Fig. 15 This choice gives a clear improvement on the noise level. It is
difficult to observe the amount of distortion on the speech, and as can be heard from
the sound file, only moderate distortion is obtained. Finally, Fig. 16 illustrates
the results for a = 0.25. The noise has been further reduced but now the speech is
severely distorted. In conclusion, we recommend that the power factor a is chosen
to 0.5-1.0. This will also facilitate a real-time implementation.
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Figure 14: SAN algorithm with a=2. Corresponding sound file is rea2.wav.
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Figure 15: SAN algorithm with a = 0.5. Corresponding sound file is rea05.wav
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Figure 16: SAN algoritm with a = 0.25. Corresponding sound file is rea025.wav.

6 Measure of Noise Suppression

In order to compare algoritms, subjective evaluations are the most valuable, but
raise problems when repeated, since no repetivity is guaranteed. An objective
measure is

Noise-suppression =

∑
x(n)2

After∑
x(n)2

Before

(19)

over a noise-only interval. The degree of speech distortion is left for subjective
evaluations, since no good objective measure is obvious here [11], [12]. The sound
files are however included giving the reader an opportunity to listen to the results.
Matlab was used to perform the computer evaluations and the best results for both
the SAN and the NO algorithms are shown below.

7 Implementation

This chapter will focus on how the system is configurated to run in real time and
describe the program flow. The algorithms are written in C++ and compiled
with the Texas compiler. The whole system is centered around a TMS320C31
signal processor. This CPU is using floating point representation which facilitates
program coding.
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Figure 17: The original sequence, recorded in a car at 120km/h.
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Figure 18: NO algorithm with a = 1, k = 0.9, N = 1024,M = 64. Noise suppres-
sion is 5.8dB and speech is undistorted. Corresponding sound file is reka091.wav
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Figure 19: NO algoritm with a = 0.5, k = 0.8, N = 1024,M = 64. Noise sup-
pression is 15.3dB and the speech is slightly distorted. Corresponding sound file is
reka0805.wav.
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Figure 20: SAN algoritm with a = 1, k = 0.9, N = 1024,M = 64. Noise suppres-
sion is 12.6dB and speech is undistorted. Corresponding sound file is rek09.wav.
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Figure 21: SAN algoritm with a = 0.5, k = 0.8, N = 1024,M = 64. Noise sup-
pression is 23.6dB and speech is moderately distored. Corresponding sound file is
reka2085.wav

7.1 System Configuration

The system used to develop the realtime algorithms is depicted in figure 22. The
signals used as inputs originates from DAT (Digital Audio Tape) recordings in a
car, with a typical speed of 110 km/h on a paved road. A conventional handsfree
microphone was used and placed near the visor. The noisy signal is limited to
telephone bandwidth 300-3400Hz. The signal processor is located on a Loughbury
PC card, containing both A/D and D/A converters and the memory used by the
signal processor. The communication between the PC and the card is done by an
in-house developed program denoted UDL (Universal Dsp Lab) [13]. This program
enables monitoring of variables in the signal processor during runtime.

7.2 The Program

The main difference between an ordinary mainframe computer program and a
program for signal processors is the handling of the inputs/outputs and timing
considerations.

Spectral subtraction works blockwise, putting several samples from the A/D
converter into blocks. The calculation time for a specific block can not exceed the
time it takes to fill a block with samples. We are not working sample by sample in
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this application although that is a common technique.
The program flow goes as follows, see figure 23:

1. The A/D-converter is triggered by the interrupt handler and puts a sample
into Block A. This process goes on until block A is filled.

2. When block A is full, incoming samples are redirected to block B. Simultane-
ously the spectral subtraction algorithm, starts to process the data gathered
in block A.

3. The output from the algorithm is put into block C.

4. When block B is filled, we start to fill block A again. Block B is now being
processed by the algorithm while block C feeds data to the D/A-converter.

5. The working procedure results in a slight delay from input signal to the output
signal. The time delay is 2* MasterBlockLength. The time delay in seconds
will be given by the expression:

T =
2 ∗ MasterBlockLength

FS

8 Real-time evaluation

During the evalution MBL and ABL were frozen to 1024 and 128 respectively. The
factors α,Lα, and a where also fixed at 0.9 , 0.997 and 0.5. This leaves us only
one parameter to vary during the evaluation namely k. The SAN algoritm tends
to give better results. Hence, we concentrate on this algorithm in the sequel.
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Figure 24: Orginal sequence. Corresponding sound file is lab1aa.wav

8.1 Laboratory environment

The unprocessed original sequence at the microphone is shown in figure 24. Figure
25, will show the output that is intended to go to the telephone. Two different
values of k have been tested and the result for both k values is presented in figure
25. At the first half of the sequence a noise suppression of 16.5dB where obtained
and at the second half 13.5dB were obtained. The results are not as good as the
one from the computer evalution in MatLab. This comes from the fact that the
total noise level (SNR) is lower and therefore it is harder to obtain the same noise
suppression and it is of course not necessary.

8.2 Car environment

To get an idea of how the system works when it is combined with the mobile net-
work, where several different operations are performed such as coding, transmission
and filtering, the whole system was moved out into the test car. At this final mea-
surement the most relevant point to measure at, is at the far end speaker. The
signal is not considered before and after the system as before. Instead we study the
behaviour with the algorithm for different values of k and the algorithm turned off.
This implies that it is not the same sequence that is read but all the measurements
are taken in a consecutive order and the noise is therefore assumed to be at the
same level. Figure 26 is considered as the original sequence. What can not be seen
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Figure 25: SAN algoritm with k=0.72 and k=0.55. Corresponding sound file is
lab1bb.wav
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Figure 26: ”Original” sequense obtained by setting k=0.
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Figure 27: SAN algoritm with k=0.55. Corresponding sound file is lab2c.wav

but heard from the sound file, is that the speech is a bit distorted even though
the algorithm is turned off. This comes from the fact that the noise level is very
high and the speech coder tends to regard all signals as speech. This conclusion is
based on the observation that when stopping the car, with no car noise present, the
speech is intact. In Fig. 27 some noise reduction is made but the speech is almost
intact. The noise suppression is 12.8 dB using the same expression as earlier on.
Finally, in Figure 28 almost all the noise is suppressed and the speech is moderately
distorted. The noise suppression is now as high as 17.2 dB, which is a surprisingly
good result.

9 Conclusions and Future Work

A novel method to improve the speech quality in a car handsfree system have been
developed based on spectral subtraction. The system is constructed so it should be
easy to install as an add-on feature to an existing handsfree car telephone system.
The method reduces the variability both in the speech and noise signals. The study
of spectral subtraction has gained insight into which parameters affect the noise
suppression and give talker signal distortion. To make the system work properly a
speech detector was also designed based on a frequency domain comparison. Work
have also been done to keep the complexity of the algorithm down in order to make
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Figure 28: SAN algoritm with k=0.72. Corresponding sound file is lab2b.wav

a cheap realisation possible. The method has also been tested in a real environment,
in a car, and has shown good results. The noise is suppressed at least 20dB when
moderately speech distortion is tolerated. This means that for the far- end talker it
is hardly audible to note that you are travelling in a car. When the system actually
is manufactured the idea is that the EPROM containing the program should be
easy to replace so that new program versions could be installed as the research
and development proceeds. Therefore the DSP processor used should be at least
as versatile as a TMS320C31.

Further work is also needed to reduce the ”synthetic” background noise (some
sort of tones) created by the spectral subtraction method or by the FFT and IFFT.
Another aspect is how the system works with for different types of microphones
and handsfree sets. To improve the over-all quality the spectral subtraction method
should be complemented with some form of echo canceller to relax the switching
between the two talkers when half duplex is used.

Recordings from only a single car were use during tests to determine the optimal
parameters for the algoritm. Before the actual system is submitted to production
evaluation, further validation is needed in different types of test cars.
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Figure 1: Power Spectrum of the sound pressure level inside the helicopter during
flight. The total sound pressure level is 103 dBA.

correctly during flight. Pilots thus tend to select the maximum hearing volume
in the communication system. The sound levels produced are harmful to the ear,
inducing fatigue and loss of hearing. This phenomenon is denoted Noise Induced
Hearing Loss (NIHL), a condition in which high sound pressure levels (SPLs) are
possible. The level of risk NIHL will occur depends on the frequency content of
the noise.

In order to increase speech intelligibility the noise level inside the ear cups must
be reduced. Since the noise has low frequency characteristics, it cannot be sub-
stantially reduced by employing passive techniques since the passive earcups cannot
be made large enough due to the fact that they must fit inside the helmet. The
helicopter pilots and the rescue personnel are required to wear a helmet for safety
reasons. Had there been no such stipulation, larger earcups such as the Bilsom 747
which provide good low frequency attenuation could be used. A more feasible ap-
proach is to reduce the noise by employing Active Noise Control (ANC). As figure
1 shows, noise up to 100 Hz inside the helicopter, is normally dominated by tonal
components while the noise is more broadband between 100 Hz to 400 Hz. The
total sound pressure level inside the helicopter is 103 dB(A). This paper treats the
concept of a hybrid ANC headset which combines both feedforward and feedback
ANC techniques [3]. The adaptive feedforward controller is based on a digital sys-
tem, while the feedback system is based on an analog system. The principle of the
hybrid headset is depicted in figure 2. This type of ANC headset is used in order
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to improve noise attenuation. The feedback controller reduces broadband noise,
while the feedforward controller reduces tonal components (harmonics of the main
and tail rotor). The feedback controller is based on a commercial analog headset.

Tacho Feedforward
Controller

Feedforward
Controller

Feedback
Controller
Feedback
Controller

Tacho

Control UnitControl Unit

Control UnitControl Unit

Spectral
Subtraction

Spectral
Subtraction

Communication
signal

Communication
signal

Figure 2: The principle of the hybrid ANC headset based on feedforward and
feedback control combined with spectral subtraction to reduce the noise in the
communication signal

Pure analog feedback technique will not be discussed in the paper, which focuses
on the adaptive algorithm used in the digital feedforward controller, as well as the
combined performance of the hybrid headset.

Even though the hybrid headset efficiently reduces the low frequency noise
inside the earcups, high noise levels are still produced in the earcups through the
intercom microphones used for communication. It is thus desirable that the noise in
the speech signal also be reduced. Speech enhancement and speech recognition are
either model-based, where typical solutions include Markov Models, Predictors and
Lattice filters [4]; or non-parametric, based on a spectral description of speech such
as the Short-Term Spectrum or Cepstral techniques [5]. A suitable method when
using a single microphone is Spectral Subtraction (SS) which is a non-parametric
method based on the additive feature of the noise in the magnitude of the FFT
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Figure 3: A schematic illustration of the interior of the helicopter showing the
position of the recording microphone.

coefficients. SS has been combined with the hybrid headset as depicted in figure 2.

2 Helicopter Noise

In order to analyze the frequency components of helicopter noise, several noise
measurements were performed during flight. The noise was recorded inside the
helicopter using a microphone situated between the passenger seats, in the vicinity
of the right rear door (see figure 3). When hovering, this door is open. The Super
Puma helicopter has one main rotor and one tail rotor, as well as several gear boxes.
There are four blades on the main rotor and five on the tail rotor. Figure 4 shows a
typical noise power spectrum inside the cabin during flight for frequencies from 0 to
200 Hz. According to the frequency analysis, the Blade Passage Frequency (BPF)
should be 17.6 Hz for the main rotor. The BPF of the main rotor induces high
infra-sound levels inside the cabin. These components, though not audible, affect
the human body. There are different subjective symptoms of annoyance: headache,
vertigo and nausea [6],[7], and all have a bad influence on a helicopter pilot, on a
rescue mission. The abbreviations in figure 4 indicate the components comprising
the harmonics of the main rotor BPF. The tone at 82 Hz is not an exact order of
the main rotor BPF. This is the tail drive shaft fundamental. This component is,
however, related to the BPF, though with a fractional number. Note the 107 Hz
component which is the BPF of the tail rotor. The 6th order of the main rotor
BPF is at almost the same frequency as the 1st order of the tail rotor BPF. The
main components in the 100 Hz range are, however, due to the main rotor as well
as its first orders, and the BPF of the tail rotor.

Standardized SPL measurements recorded at normal cruise speed and in two
different ventilation situations were made inside the headset, in the pilot’s ear canal
with the aid of a tiny microphone. Figure 5 illustrates the 1/3 octave analysis of this
measurement both during communication and when no communication is taking
place. Figure 5 also presents the total sound pressure levels in dB, dBA and dBC.
The SPL inside the ear canal was approximately 88 dBA when no communication
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Figure 4: Sound pressure level inside the helicopter.

was taking place. However, when communication (internal and external) was taking
place the A-weighted sound pressure level was increased by 5-13 dB, resulting in
93-101 dBA. The exposure permitted (in Sweden) for the actual sound levels when
no communication is taking place is 4 - 5 hours a day, which is more than the
normal exposure time for the helicopter crews. However, the exposure allowed
during communication will be decreased to less than 30 minutes a day.

Internationally, the standardized A-weighting function is used to express the
integrated SPLs in the frequency range of hearing. In a number of states, in the
USA, 85 dBA is an accepted maximum equivalent sound level for 8 hours a day,
5 days a week. To summarize, there is a large increase in dBA levels when the
communication system is activated . This is due to the fact that the speech is
masked by the low frequency sound that consists primarily of tonal components
(harmonics of the main and tail rotor). The BPF of the main rotor, 17.5 Hz, is
below the hearing range and creates infra-sound. Even though this tone is reduced
inside the headset, it will still affect the human body through bone conductivity.
This infra-sound will significantly affect speech perception and speech intelligibility
in particular [8]. The performance of the hybrid headset may not, as a result, be
as good as expected. It is important to suppress the second, third and fourth order
of the BPF for the main rotor. The BPF of the tail rotor, 105 Hz, must also be
suppressed, since the passive damping in the helmet is not able to attenuate this
low frequency noise. Increased damping should be achieved with an active system
enabling lower communication levels.
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Figure 5: Sound Pressure Levels inside the earcups, measured with a tiny micro-
phone placed in the ear canal. The right side of the figure presents the total sound
pressure level: linear, A-weighted and C-weighted.
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3 The Hybrid Headset

We now present the concept of a hybrid ANC headset that combines both feed-
forward and feedback ANC techniques [3]. The adaptive feedforward controller is
based on a digital system, while the feedback system is based on an analog system.
The principle of the hybrid headset is depicted in figure 2. This type of ANC
headset is used in order to improve noise attenuation. The feedback controller re-
duces broadband noise (boundary layer noise, noise from air conditioning, in other
words noise not related to the rotor or the tail), while the feedforward controller
reduces narrowband noise (harmonics of the main and tail rotor). Noise up to 100
Hz is normally dominated by tonal components while in the range 100-400 Hz the
noise is more broadband.

The feedback controller is based on a commercial analog headset. We focus here
on the adaptive algorithm in the digital feedforward controller, and the performance
of the hybrid headset.

The feedforward controller utilizes a tachometer signal related to the main rotor
to generate reference signals to the controller. Noise components that are correlated
with the reference signals will be suppressed. The reference signals are inputs to
the feedforward controller. The output of the controller is added to the output of
the feedback controller the loudspeaker, generating a secondary sound field that is
180◦ out of phase with the primary sound field. An error microphone inside the ear
cup which measures the residual noise is used to adjust the adaptive feedforward
controller.

The feedback controller feeds the output signal of the error microphone back
through an analog amplifier with a magnitude and phase response which is designed
to produce an output that results in noise attenuation in the error microphone.

The adaptive algorithm employed in the feedforward controller is based on
the complex filtered–X Least–Mean–Square (LMS) algorithm, [9], [10]. The pro-
posed complex algorithm is advantageous in narrowband applications due to its
good convergence rate and low numerical complexity. Which are the results of
the orthogonality of the quadrature components (or Hilbert pairs) constituting the
complex reference signals, and the simplicity of complex representation. In fact,
the complex algorithm requires a minimum of adaptive and acoustic path parame-
ters as compared with a straightforward time domain approach using ordinary FIR
filters.

3.1 The Feedforward Controller

Noise up to 100 Hz inside the helicopter consists essentially of narrowband harmonic
components related to the rotation frequencies of the main and tail rotors. It is
assumed that there is a periodic tachometer signal available which is correlated to
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Figure 6: Single reference, Single Input, Single Output (SISO) system for active
noise control.

the noise harmonics. For this reason, pure sinusoidal reference signals and complex
notation will be used in the following description.

The adaptive feedforward controller [11] is based on the complex LMS–algorithm
[12],[13]. Consider the Single Input Single Output (SISO) ANC system configura-
tion [11] depicted in figure 6.

The controller is described for a general situation with H harmonics. Each
harmonic is individually controlled. Let t(n), xh(n), wh(n) and Fh denote the
tachometer signal, the complex scalar reference signal, the complex scalar filter
weight and the complex acoustic path from the loudspeaker to the error microphone
respectively for the hth harmonic. The set of complex reference signals xh(n) is
generated from the tachometer signal t(n) by using, for example, an FFT–filter
bank,[14], or the lookup table technique,[3].

The real error microphone signal e(n) is given by

e(n) = d(n) +
H∑

h=1

�{Fhxh(n)wh(n)} (1)

where d(n) is a real signal representing the primary sound field at the error micro-
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phone (at the discrete time index n). Here �{·} denotes the real part operation.
The objective function to be minimized is given by

J(n) = e∗(n)e(n) (2)

where (·)∗ denotes complex conjugate. The derivative of J(n) = e∗(n)e(n) with
respect to wh(n) is given by

∂J(n)

∂w∗
h(n)

= x∗
h(n)F ∗

he(n). (3)

The complex gradient in (3) is used to define the updating scheme of the adap-
tive algorithm, given by

wh(n + 1) = wh(n) − 2µhx
∗
h(n)F ∗

he(n). (4)

The convergence factor µh is given by

µh =
µ0

ρh|Fh|2 (5)

where µ0 is a positive normalized convergence factor and ρh = E {|xh(n)|2} (the
power of the signal xh). The power of the reference signal xh is estimated by using
an exponential moving window technique as follows

ρ̂h(n) = (1 − β)ρ̂h(n − 1) + β|xh(n)|2 (6)

where β is a weighting factor.
In a practical application, the acoustic path Fh is unknown and must be esti-

mated. fh should thus be exchanged for the corresponding estimate F̂h in (3),(4)
and (5).

3.2 Evaluation

The evaluation has been made on data recorded in an AS332 ”Super Puma” MKII
helicopter during flight. The two engines in the helicopter always run with the
same rpm. The sound field is thus relatively stationary. The noise inside the cabin
contains strong tonal components originating from the main and tail rotors. In
order to achieve an efficient noise reduction inside the ear cups it is necessary to
reduce the BPFs and their related harmonics. The feedforward controller presented
in this paper was set up to cancel the BPF to 5×BPF for the main rotor, and the
BPF for the tail rotor respectively.

Figure 7 shows the performance of the feedforward controller only. These re-
sults for the feedforward controller are based on computer simulations within the
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environment of the Matlab software package; while the passive attenuation and
the attenuation in the analog ANR system are derived from real experiments. The
frequency range is 0 to 200 Hz. The following attenuation of the dominating tones
was obtained:

Frequency Component Frequency Attenuation [dB]
BPF, Main rotor 17.7 23

2xBPF, Main rotor 35.3 22
3xBPF, Main rotor 53.0 22
4xBPF, Main rotor 70.7 17
5xBPF, Main rotor 88.3 8

BPF, Tail rotor 106.7 15

The BPF for the main rotor is 17.7 Hz and is outside the audible frequency
range. The attenuation of the tones is satisfactory though the audible result is
limited when the total sound pressure level is measured in dBA only. Note also
that the 6xBPF for the main rotor coincides with the BPF for the tail rotor. This
facilitates the generation of the reference signals.

Figure 8 illustrates the attenuation in the passive earcups only. The attenuation
is relatively poor due to the fact that the earcups are restricted in size in order to
fit into the helmet.

Figure 9 shows the performance of the feedback controller combined with the
passive damping of the ear cups. The analog system is a commercial headset fitted
into a headset from Hellberg Safety AB and has closed ear cups. The analog system
only affects the spectrum up to approximately 400 Hz. The frequency range 0-400
Hz only is presented. The controller achieves a broadband noise attenuation of
approximately 20 dB in the given frequency range. Note that the tonal components
are still present. Since both passive damping material in the ear cups and the analog
feedback controller affect broadband noise reduction, it is useful to investigate
the broadband reduction when the analog controller is switched on and off. The
difference between passive damping contra passive damping together with analog
control is depicted in figure 9 and 8. When the analog controller is on, a more
efficient broadband reduction is achieved. The feedforward controller does not
affect the broadband attenuation of the noise. This controller reduces the tonal
components only.

Finally, the result of the hybrid headset is shown in figure 10. A combination of
feedforward and feedback control results in significant damping of both the tonal
components and broadband noise.
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Figure 7: Attenuation for the digital feedforward controller.
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Figure 8: Sound pressure level of the primary sound field outside the earcups.
Reduced sound pressure level inside the earcups when only passive damping is
applied.
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Figure 9: Sound pressure level of the primary sound field outside the earcups.
Reduced sound pressure level inside the earcups after the analog feedback controller
has been switched on.
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Figure 10: Sound pressure level of the primary sound field out side the earcups.
Reduced soundpressure level inside the earcups after the hybrid headset has been
switched on.
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4 Spectral Subtraction

When flying the helicopter the pilots use the intercom system almost continuously.
During communication the microphone signal from one pilot is fed directly into the
other pilot’s headset. The microphone signal contains considerable helicopter noise
and this noise is again injected in the hybrid headset. An important task is thus
to enable a noise reduction in the intercom system by supplying a better signal-
to-noise ratio in the microphone signals. The headset is normally equipped with
a unidirectional, close-talk microphone, which significantly reduces low frequency
noise but offers little or no noise reduction above 800 Hz To clean the noisy speech
signal a single microphone nonlinear method, denoted ”spectral subtraction” is
proposed.

This method enhances speech by estimating a noise bias in the magnitude in
the frequency domain and subtracting it. The speech is assumed to be random cor-
rupted with uncorrelated random noise. The noise estimation must be performed
during ”talker inactive” (silent) time frames. The magnitude of the estimated
noise power spectrum is then subtracted from the Fourier transform magnitude
and inversely transformed back into time frames when the talker is active.

Spectral subtraction is based on the following assumptions: the background
noise is acoustically added to the speech; the background noise environment re-
mains stationary locally to the extent that its expected spectral magnitude value
immediately prior to speech activity equals its expected value during speech activ-
ity. If the environment changes to a new stationary state, there must be sufficient
time (400 ms) to estimate a new background noise spectra. The algorithm requires
a speech detector to signal to the program when the updating of the noise bias can
be continued.

Let s(n), v(n) and x(n) be stochastic short-time stationary processes represent-
ing speech, noise and noisy speech, respectively. From

x(n) = s(n) + v(n) (7)

and the assumption that s(n) and v(n) are uncorrelated processes it follows that

Rx(f) = Rs(f) + Rv(f) (8)

where R denotes the power spectral density of a random process. The power
spectral density magnitude for w(n) is estimated and subtracted according to

R̂s(f) = Rx(f) − R̂v(f) (9)

To estimate the power spectrum density we start with the simple periodogram
which is evaluated using

R̂x(f) = Px,N(f) =
1

N

∣∣∣X̂(f)
∣∣∣2 (10)
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where X̂(f) is the short time Fourier transform of x(n), and N denotes the block
length. If we combine (9) and (10) we obtain∣∣∣Ŝ(f)

∣∣∣2 = |X(f)|2 −
∣∣∣V̂ (f)

∣∣∣2 (11)

This is the conventional squared (power) form. Alternatively, the straight-forward
amplitude spectrum is often used as follows.∣∣∣Ŝ(f)

∣∣∣ = |X(f)| −
∣∣∣V̂ (f)

∣∣∣ (12)

The phase must also be estimated, however. Speech is rather insensitive to
phase distortion, thereby giving rice to certain simplifications [5]. There is no
straightforward way to compute the clean speech phase spectrum φS. It is often
sufficient, however, to use the noisy speech phase spectrum φX as an estimate,
which yields

φŜ � φX (13)

Finally, the estimate of the frame of speech resulting from the spectral subtrac-
tion is recovered from the FFT estimate

Y (f) =
∣∣∣Ŝ(f)

∣∣∣ eiφŜ =

(
|X (f)|2 − k ·

∣∣∣V̂ (f)
∣∣∣2)

1
2

· eiφX (14)

A more general expression is

Ŝ(f) =
(
|X (f)|a − k ·

∣∣∣V̂ (f)
∣∣∣a) 1

a · eiφX (15)

This is the common general form of spectral subtraction with extra parameters
added to make the subtractor more versatile. The power exponent a is normally
chosen to be one or two, and the degree of subtraction can be further varied by
the parameter k. Some form of rectification is also common, implying that when
the frequency bins in Ŝ(f) are negative they are either set at zero, or their sign is
switched positive. The expression is rewritten as follows

Ŝ(f) =



|X (f)|a − k ·

∣∣∣V̂ (f)
∣∣∣a

|X (f)|a




1
a

· |X (f)| eiφX (16)

The curly brackets term is merely interpreted as a multiplicative weighting factor
for each frequency on the incoming spectrum X(f) = |X (f)| eiφx, thereby resem-
bling conventional Wiener filtering.
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Figure 11: Diagram showing how spectral subtraction works block by block.

Observe that the separation into phase and amplitude information can be
avoided when writing spectral subtraction as a multiplicative term on the incoming
spectrum. This saves calculation time and makes the algorithm faster. However,
care must be taken to avoid problems when the denominator is close to zero.

When implementing, the original sequence x(n) is divided into blocks of N
length. Putting the block length as an index in equation, 16 we obtain

YN = ŜN =

{ |X|aN − k · |V |aN
|X|aN

} 1
a

· XN (17)

Equation 17 has been rewritten giving a simple algorithm

YN = GN · XN where GA,N =

(
1 − k · |V |aA,N

|X|aN

) 1
a

(18)

The block diagram in figure 11 depicts the algorithm. The variance of the estimates
limits the performance and thereby limits the SNR improvement on the output
signal. The variance in the noise estimate can be reduced by averaging over several
blocks, usually with an exponential block number decay

VL(f) = α · V(L−1)(f) − (1 − α) · Xnew(f) (19)

By choosing α closer to 1, a more robust noise estimate is obtained.
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Figure 12: The noisy speech signal before and after the spectral subtraction algo-
rithm.

4.1 Evaluation

The following evaluation has been performed on data recorded in an AS332 ”Su-
per Puma MKII helicopter during flight using a ordinary unidirectional, close-talk
microphone. In order to evaluate the performance of the algorithm, subjective eval-
uations are most valuable, but there raise problems when repeated, since repetivity
is not guaranteed. An objective measure is

Noise Suppression =

∑
y(n)2∑
x(n)2

(20)

over a noise-only interval. The degree of speech distortion is left for subjective
evaluations, since no good objective measure is obvious here. Figure12 depicts first
the original sequence of noise and speech and then the same sequence after the
spectral subtraction algorithm. The sampling frequency was 8 kHz for the original
sequence, which was also filtered to telephone bandwidth (300-3300 Hz) before
entering the spectral subtraction. During this evaluation the following values of
the parameters were chosen::

• Subtraction parameter, k=0.95

• Power factor, a=0.5
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• Block length, N=256

The noise reduction using equation 20 was as high as 21dB, and the speech
distortion was moderate. Since the algorithm works with blocks, a slight delay
from input to the output signal is introduced. The time delay is 2 ∗ 256/8000 =
8/125 = 0.0 64 seconds if N = 256.

5 Summary and Conclusions

There are substantial noise levels in helicopters, especially at low frequency. These
levels are not normally harmful to the ear. However, the low frequency content
masks speech. For this reason, pilots tend to turn the intercom system to max-
imum sound level, producing sound levels which are potentially damaging to the
human ear. The sound levels inside the ear canal have been measured to almost
100dB(A) when the intercom system is in use. Such high sound levels expose the
ear to fatigue and loss of hearing. It is thus important to reduce background noise,
and also to improve the SNR in the speech signal in the intercom system. A hybrid
headset combined with spectral subtraction is proposed as a good solution to the
problem. The headset consists of a digital feedforward controller based on a com-
plex LMS-algorithm and an analog feedback controller. This combination results
in an efficient noise reduction of approximately 20 dB broadband in the frequency
range 50-400 Hz, and a further 20 dB on several tonal components in the frequency
range 17-107 Hz. At the same time, spectral subtraction improves the SNR in the
speech signal by about 20 dB. These two techniques allow a sound level of no more
than 80 dBA inside the ear cups even when the intercom system is in use.
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[7] O. Backteman, J. Köhler, L. Sjöberg, “Infrasound-Tutorial and Review”, Jour-
nal of Low Frequency Noise and Vibration, Vol. 2, No. 4, 1983

[8] W. Keidel and W. Neff eds., Handbook of Sensory Physiology, Springer Verlag
1976, V3 pp 607-608

[9] S. Johansson, I. Claesson, S. Nordebo, P. Sjösten “Evaluation of Multiple
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