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ABSTRACT

Active noise cancelling technology for headphones is becoming increasingly popular and it
has several advantages over passive noise reduction. It is one of the key elements
for a better listening experience and safer volume levels for users using the headset
in noisy environments. ANC technology used in headphones is performed by various
methods which utilize either analog, digital or hybrid domain for achieving effective
noise reduction. The goal of this bachelor is to study the ANC technology, methods
and topologies used for the headphones and to build and evaluate a functional ANC
headset prototype.
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ABSTRAKT

Technoldgia aktivneho potladenia hluku (Active noise cancelling - ANC) pre slichadla
je Coraz viac populdrnejSia a ma nesporne niekolko vyhod oproti pasivnemu potlaceniu
hluku. Je to jeden z klicovych prvkov k dosiahnutiu lepsieho a bezpecnejSieho pocivania
v hluénom prostredi. Aktivne potlacenie hluku v slichadlach je realizované viacerymi
metédami, ktoré pouzivaji analégové, digitalné Ci hybridné prevedenie pre dosiahnutie
efektivneho potlacenie hluku. Cielom tejto bakalarskej prace je prestudovat technolégiu
aktivneho potlacdenia hluku, jej metodiku a topoldgie pouzivané pre sliichadla a postavit
a zhodnotit funkény prototyp ANC slichadiel.

KLUCOVE SLOVA

Aktivne potlacenie hluku, ANC slichadla, potlacanie hluku, statické filtrovanie




ROZSIRENY ABSTRAKT

Tato bakalarska praca sa zaobera technoldgiou aktivneho potlacenia hluku (Active noise
cancelling - ANC), porovnanim réznych topoldgii ANC sluchadiel pouzivanych na trhu a
vytvorenim funkéného prototypu na zaklade pozadovanych merani.

Hlavnymi cielmi tejto prace su:

(@) prestudovanie technoldgie aktivneho potlacenia hluku v slichadlach,

(b) meranie pozadovanych charakteristik slichadiel a mikrofénov,

(¢) navrh funkéného prototypu zalozenom na vyvojovom kite AS3435 od rakuskej spolo¢nosti
AMS [1] a porovnat rozne vyvojové platformy, ktoré si v suc¢asnosti dostupné na trhu,

(d) vyber metddy aktivneho potlacenia hluku pre vybranu vyvojovu platformu,

(e) implementacia metddy na vybranej platforme,

(f) vyhodnotenie prototypu slichadiel ANC.

Podla zakladnych c¢asti ANC slichadiel a ich analyzy bol navrhnuty a zostrojeny proto-
typ so $tyrmi mikrofénmi MEMS', ktoré si vyzadovali vlastny navrh dosky plosnych spojov
pre vnutorné a vonkajsie mikrofény. Z technickych a praktickych dévodov je technoldgia
ANC realizovana pomocou slichadiel s ndusnikmi okolo usi, hoci v si¢asnosti nie si neob-
vyklé na trhu aj ANC slichadla do usi.

V prvej kapitole st uvedené teoretické zaklady technolégie ANC, rozdiel medzi pasivhym
a aktivnym potlacenim hluku, rozbor troch standardnych topoldgii ANC: spitnovizbova
(Feedback), dopredna (Feed-forward) a hybridna (Hybrid). Pre realizaciu ANC je nutny
navrh filtra, ktory kompenzuje nedostatky komponentov (jednoduché obratenie polarity
prichaddzajiceho hluku by bolo nepostacujtice pre dosiahnutie ziadanej tirovne potlacenia
hluku). Tento filter sa najc¢astejsie realizuje bud staticky (jeden fixny filter navrhnuty na zak-
lade merani, ktory sa uz dalej nemeni) alebo adaptivne (systém vybera zo sady baniek filtrov
pripadne kompletne meni jeho koeficienty). Dalej je rozoberany vyznam ANC v slichadlach
a rozdelenie vsetkych potrebnych komponentov a ich podrobnejsi popis pre funkéné ANC
slichadla. Medzi tieto komponenty patria najma: snimaci mikrofdén, signalovy procesor,
zosilnovac a slichadla s reproduktormi. V zavere kapitoly je zhrnuté porovnanie analé-
govych, digitalnych a hybridnych rieseni pre realizaciu technolégie ANC a taktiez metddy
filtracie.

Druha kapitola obsahuje najdolezitejsiu ¢ast, najma na zaciatku tvorby prototypu, a to
dokladny vyber vyvojovej platformy z dostupnych alternativ na trhu. Platforma urcuje nie-
len smer dal$ieho vyvoja ale taktiez hranice moznosti vyvoja prototypu. Vyber mikrofénov
je zéavisly od koncovych poziadaviek. V préci st rozobrané dva najcastejsie pouzivané typy
a na zaklade ich porovnania je vybrany konkrétny typ mikrofénu - MEMS. Kapitola ob-

sahuje taktiez zdovodnenie vyberu filtra¢ného algoritmu. Vybranou platformou pre tento
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prototyp bol analégovy vyvojovy kit AS3435 od spolo¢nosti AMS.

V tretej kapitole st analyzované vysledky vsetkych poc¢iato¢nych merani, ktoré st nevy-
hnutné na vytvorenie funkéného prototypu, najmi névrh filtra podla [2], ktory poskytuje
adekvatne vysledky potlacenia Sumu. Tieto merania obsahuju frekven¢nt a fazovi odozvu
menicov slichadiel, mikrofénov a pasivneho ttlmu slichadiel. Pri merani prototypu boli
pouzité rozne metddy na meranie frekvencnej a fazovej odozvy vsetkych komponentov.
Niektoré merania sa ukazali ako vyhovujice a niektoré sa museli merat znovu inym spo-
sobom, ¢o predizilo proces vyvoja prototypu. Vo vysledku dokézali namerané hodnoty
poskytnut ddaje pre vypocet filtra, ktoré boli neskor vyuzité pri navrhu filtra. Navrhnuté
analdgové filtre sa zmerali a porovnali so simuldciami. Aktivne potlacanie hluku bolo re-
alizované statickou filtraciou pomocou analégovych filtrov. Tato metdda sa otestovala na
dvoch topologiach ANC: Feedback (Spitnovizbova) a Feed-forward (Dopredna) a bola porov-
nand s dvoma komerc¢ne dostupnymi rieSeniami na trhu. Kapitola zahrna taktiez zhodnote-
nie navrhu analégového filtra a meranie potlacenia hluku v slichadlach. Konec¢ny prototyp
ANC sluchadiel je porovnany s inymi dostupnymi ANC slichadlami na trhu.

Vysledky hodnotenia prototypu ANC slichadiel napriek nespoc¢etnému mnozstvu mer-
ani a analyze nezodpovedali pozadovanému a ocakavanému aktivnemu potlac¢eniu hluku.
Kedze za nedostatocnym vykonom aktivneho potlacenia moze byt mnoho pricin, je velmi
dolezité analyzovat cely proces vyroby prototypu a navrhnut riesenia, ktoré by mohli ANC
slichadla v budicnosti vylepsit a zabezpecit ich lepsiu vykonnost. Po prvé, analégové riese-
nie ma mnoho vyhod, je ekonomickejsou moznostou a nevyzaduje ziadne AD/DA prevod-
niky. Bohuzial, akékolvek zmeny frekvencnej a fazovej odozvy analégového filtra nie je
mozné realizovat jednoducho a rychlo. Digitalny filter by pravdepodobne bol ovela flexibil-
nejsi pocas celého procesu tvorby prototypu. To vsak neznamen4, ze analé6govym filtrom sa
treba za kazdu cenu vyhybat, ale je jednoducho vyhodnejsie z hladiska vyvoja pouzivat dig-
itdlnu doménu, pretoze to vypoctovy vykon v dnesnej dobe umoznuje. Po druhé, v dutinach
slichadiel vznika nezvycajna rezonancia na nizkych frekvenciach, ktord mohla potenciélne
ovplyvnit merania, a teda aj kone¢ny navrh filtra a vykon aktivneho a pasivneho potlacenia
hluku. Akusticky dizajn je zjavne dolezitejsi ako sa zdal a pri buducich projektoch by sa mal
brat do Gvahy ovela vaznejsie. Vybrana analdgova vyvojova platforma taktiez vykazovala
problémy, ¢o mohlo potencidlne prispiet k zniZenej Grovni redukcie hluku. Odportcané
riesenia na zlepsenie redukcie hluku tohto konkrétneho prototypu st :

1. zopakovat merania a odznovu navrhnit filtre a porovnat vysledky,

2. pouzit iné sldchadla s lepsim akustickym dizajnom,

3. nahradit analégovu platformu digitalnou platformou, ktord by umoznila ovela rych-

lejsie a jednoduchsie vyladit prototyp aj na konci vyvoja a merani.
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Introduction

This bachelor thesis deals with active noise cancelling technology (ANC), a comparison of its
different topologies, and building a functional prototype based on required measurements.
The main goals of this thesis are:
(a) research of the active noise cancelling technology in headphones,
(b) measurements of the required characteristics of the headphones and microphones,
(c) proposal of a functional prototype based on evaluation kit AS3435 from Austrian
company AMS [1] and to compare various potential builds that are available on the
market at the moment,
(d) selection of a method of active noise cancelling for a chosen evaluation kit,
(e) implementation of a method on the chosen platform,

(f) evaluation of the ANC headphones prototype.

This prototype also involves the implementation of MEMS' microphones which re-
quired custom PCBs for inner and outer microphones. Due to technical and practical rea-
sons, ANC technology is fitted on over-ear headset although, nowadays, it is not uncommon
to see in-ear ANC solutions on the market.

The first chapter establishes a theoretical foundation of ANC technology, the difference
between passive and active noise cancelling, an evaluation of three industry-standard ANC
topologies, a contrast between static and adaptive filtering, the purpose of ANC in head-
phones, a breakdown of all necessary components for a functional ANC headset and com-
parison of analog, digital and hybrid solutions for ANC controllers.

The second chapter includes the most important part, especially at the beginning of pro-
totyping, a careful selection of an evaluation kit from available alternatives on the market, a
choice of microphones, a selection of filtering algorithm, and a comparison of two available
headsets for this particular prototype.

In the third chapter there are analyzed the results of all the initial measurements that
are essential for building a functional prototype, particularly the filter design, according to
the [2], that derives adequate results of noise cancelling. These measurements contain the
frequency and phase response of the headset drivers, microphones, and passive attenuation
of the headset. It also includes the evaluation of the analog filter design and measurements
of the noise reduction in the ANC headset. The final ANC headset prototype is also being
compared to other available ANC headphones on the market.

In the conclusion, there are summarized the practical results, measurements, evaluation

of the functionality of the prototype, and potential continuation for the future.

'Micro-Electro-Mechanical System.
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1 Active Noise Cancelling

Active Noise Cancelling, also known as "ANC", is a technology that connects various scien-
tific fields mainly mechanical engineering, acoustics, audio and signal processing and electri-
cal engineering. It improves the listening experience, and intelligibility of conversations and
the user can experience an increase in signal-to-noise ratio. Compared to ordinary over-ear
headphones (without ANC) the system requires a power source usually a small battery for
microphones, amplifiers and digital or analog processor. Although the word "active" might
evoke that the system is just an electric circuit, the reality is, that passive noise cancellation
is also a significant part of active noise cancellation. According to the [3] passive noise can-
cellation plays a crucial role because to achieve decent ANC performance it is necessary to
avoid air leakages as much as possible. This is important, particularly for FF (Feed-forward)
topology, which will be discussed later.

An interesting insight for ANC is, that either headset, on-ear or in-ear systems can re-
duce to some extent the occlusion effect [4], the echo-like sensation in the ear canal, which
many users might find helpful and more pleasant especially during calls or while talking to
someone.

General ANC headphones would normally include [4]:

+ microphone

« signal processor

- amplifier

« driver (loudspeaker)

Microphone Amplifier Loudspeaker

D% Signal processor

Fig. 1.1: General ANC block diagram, taken from [4] and modified.

One microphone or more is required for capturing the noise that is sent to the signal
processor. The position of the microphone determines not only the topology but also its
effectiveness towards capturing the noise as well as rejection of any wind-induced noise.
The signal processor either analog or digital then inverts and filters the signal that is sent to

the amplifier and a loudspeaker.

14



1.1 Passive Noise Cancelling

Although this thesis does not particularly deal with passive noise cancelling it is worth men-
tioning its importance in ANC and to prove how significant it might be especially at higher
frequencies. In a simplified manner, we could assume that because the biggest friction is at
1/4 of wavelength from the surface [5], passive noise cancellation should have a noticeable

effect from around 3 kHz as stated in Equation (1.1) in this case, for 3 cm thick ear pads,

Co 343ms~!
== — 2. kH 1.1
f =3 = Txoo03m ~ 286 [kHz, (LD

where f is a frequency, ¢ the speed of sound in air at 20°C (degrees Celsius) and A is the
wavelength. However, the passive noise reduction might happen much sooner as it is de-
scribed in Chapter 3 where passive attenuation of the headphones will be discussed further
in comparison of two different measured headphones.

Even though passive noise cancelling is still used nowadays in many different applica-
tions either due to price or practical reasons, active noise cancelling seems to be the only
option when it comes to noise cancellation of low frequencies in enclosed spaces for in-
stance, in headphones.' There are two main approaches how to passively reduce noise [6]:
a) absorption of noise
b) isolation from a noise source.

The first method provides a sound reduction by absorbing the sound and converting it into
heat. The second method means either to eliminate air leaks or any vibrations. None of the
methods are superior to the other, the best results are achieved when both of them are imple-
mented in a system together. In our case, ANC headphones, both approaches are combined
together in ear pads. They are usually made from elastic and soft materials where elasticity
provides the isolation and an adaptation to different shapes of ears or head whereas the ma-
terial, that absorbs the sound well, converts the sound into heat. The choice of the material
also affects the fact, that ear pads should be comfortable and pleasant to wear, but that will

not be discussed in this thesis.

'Unless we can provide a thick isolation with high surface density.
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1.2 Active Noise Cancelling

Active noise cancelling, in simple words, works by combining two signals with an inverted
phase (by 180°) which theoretically should result in silence. We are able to do that because
sound waves are mostly linear in the range of pressure safe to our hearing [4]. With the
application of a method of superposition, the theoretical result of noise cancelling should

look like in Figure 1.2 where A stands for amplitude and a t for time.

Signal 1 Signal 2 Result
’ “1 AN
t 7 t

Fig. 1.2: Ideal noise cancellation.

A

This is of course the ideal case that in practice is unattainable and there will always be a
residual sound left after a noise cancellation. To get a noise reduction greater than 12 dB, the
noise cancelling signal must match the original noise signal by less than 2 dB amplitude and
0.25 rad phase error. Considering the imperfection of real components in ANC headphones
such as drivers, microphones, acoustic behaviour of the headset as well as the human ear,
we are facing a very complex problem that requires a precise filter design [4]. ANC headset
should be able to reduce the noise (with properly designed passive noise reduction) up to
3 kHz for Feed-Forward ANC and up to 1 kHz for Feedback ANC [3]. The reason for this
limitation is generally behaviour and characteristics of sound that behave independently
in space. From the perspective of wavelength, it means that any two chosen points are mov-
ing closer together for low frequencies while further apart for higher frequencies [4]. This
might sound counter-intuitive, but it is important to emphasise that higher frequencies usu-
ally do not have even directional characteristics. Lower frequencies, conversely, are easier
to cancel out since the direction, in which the noise is coming is not as important. There
are already different technologies on the market that focus on targeting this issue like beam

forming or using multiple microphones [7]. However, that is beyond the scope of this work.

1.3 ANC Topologies

ANC systems used nowadays are divided into three main topologies:
a) Feed-forward (FF) ANC

b) Feedback (FB) ANC

¢) Hybrid ANC
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The main difference between the FF and FB is the placement of the microphone while the hy-
brid topology is their combination. All three topologies will be analysed further in the fol-

lowing subsections.

1.3.1 Feed-forward ANC

Feed-forward ANC is typical for its position of the microphone at the outer layer of the head-
set. It means, that a noise is detected by the microphone before its arrival to the headphone

as shown in Figurel.3.

Microphone
Noise

—>

Amplifier Driver

Signal processor

Fig. 1.3: FF ANC block diagram, taken from [4] and modified.

Due to the physical distance between the microphone and the headphone cup, there is
time to process the signal before the noise arrives at the headphone cup. Sadly, FF ANC
is dependent on the arrival angle of the noise. For higher frequencies it means that the
system is required to do an impossible task - filter the noise that came to the ear cap before
to the microphone. It also should be emphasised that FF topology is quite vulnerable to
wind or wind-induced noise as a result of the microphone’s position [4]. In FF ANC is really
important to avoid microphone-to-speaker coupling by providing enough isolation and an
ear cup that fits well to the listener. In the Figure 1.4 is shown the attenuation performance
of the FF ANC headset according to [4].
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Fig. 1.4: FF ANC headset performance, taken from [4].

1.3.2 Feedback ANC

Feedback ANC is, on the other hand, typical for its position of the microphone on the inner

layer of the headset, which means, it is located in the ear cup as shown in Figure 1.5.

Noise Amplifier Driver

%
Q Microphone

Fig. 1.5: FB ANC block diagram, taken from [4] and modified.

= Signal processor

As has been said before, FF ANC is quite vulnerable to wind-induced noise, FB ANC
tackles this problem very effectively since it is isolated by the ear cup. FB ANC is also able
to compensate for air leakages compared to FF ANC, where any leakage causes a dramatic
reduction in noise-cancelling performance. Another difference between FF and FB ANC
is their performance [3]. Whereas FF ANC shows better peak performance and has wider
bandwidth, FB has better low-frequency performance and more flat distribution across the
frequency spectrum, see Figure 1.6.

Considering the location of the microphone two problems arise.
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Fig. 1.6: FB ANC headset performance, taken from [4].

Firstly, the microphone cannot differentiate the music or sound played by the speaker
and the noise coming from the outside. Thus, the system is trying to cancel out also the music
we are playing through the speaker. According to [3], this phenomenon, low-frequency loss,
is common in FB ANC. Despite this issue, there is a simple solution. The music signal could
be subtracted from the microphone signal. This means that the signal coming into the noise
cancelling processor has to be filtered [4]. Easier said than done, this problem could also be
eliminated by adding an equaliser with bass boost, so the low-frequency loss is compensated.
This, however, provides only a quick-fix solution due to the amplifiers that might not have
enough headroom for the signal [3].

Secondly, the FB system is likely to create acoustic feedback, also known as the Larsen
effect. To avoid, this effect the feedback control has to be added to the system [4]. There are
several options. Automatic gain control, which adjusts the gain of the audio in case of acous-
tic feedback, integrates a notch filter into a signal chain that targets specific frequencies and
reduces their gain or uses an adaptive active noise cancelling that is discussed later in Sec-
tion 1.6.

1.3.3 Hybrid ANC

Hybrid ANC is a combination of the FF ANC and FB ANC. It fuses all of the advantages and
compensates the drawbacks of feedback and feed-forward technologies although, with an

increase in the system complexity and obviously, a price. As shown in Figure 1.7, the headset
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requires an additional processor and two microphones per channel.

Microphone
Noise
%
Amplifier Driver

Signal

processor
Signal Microphone

processor

Fig. 1.7: Hybrid ANC block diagram, taken from [4] and modified.

This system is commonly used among premium headsets due to its performance. It has

well over 30dB peak noise reduction from 20Hz by up to 3kHz [3]. This level of attenua-
tion would not be possible with standalone either FF ANC or FB ANC. The hybrid ANC

performance is shown in Figure 1.8.

Attenuation [dB]

Hybrid Active Noise Cancellation

60 i

B0 e

Frequency [Hz]

Fig. 1.8: Hybrid ANC headset performance, taken from [4].
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1.4 Microphone

This section deals with the choice of the microphone for an ANC headset. In order to choose
a microphone for the ANC headset there must be taken few requirements into considera-
tion. Firstly, the microphone has to be small, have wide directional characteristics, prefer-
ably omnidirectional, and have a reasonably flat frequency response. Secondly, it should
have low power consumption and possibly be waterproof to some extent. With all of these
conditions, we are usually left with only two options:

a) ECM microphone (Electret condenser microphone)

b) MEMS microphone

1.4.1 ECM

Electret condenser microphone also known as ECM is normally the first and easiest option,
especially for prototyping or projects like this one. It has an option for IPX rating because of
its construction, which might be useful in FF ANC considering that the user might wear the
headphones outside while raining. Due to its size it is much easier to do the testing, solder
it to the circuit or manipulate it on a breadboard.

Although it might be easier to manipulate with this type of microphone in the end, a lot
more space is necessary for it in the final design. For the feedback microphone, it could be
very difficult to fit the microphone in the ear cup. It usually also needs a higher voltage supply
and it does not have as flat frequency response as the MEMS does. ECM is a much older
technology compared to MEMS which is being used in so many applications nowadays.

ECM operates on a very similar principle as an ordinary condenser microphone, capac-
itance changes between the conductive plate and the diaphragm as it moves by the sound
pressure are amplified and sent further to the circuit as a voltage signal, but in this case,
the diaphragm is a different material and capacitor voltage variations are amplified by a

JFET (junction field-effect transistor) that is an internal part of the microphone [8].

1.4.2 MEMS

Micro-Electro-Mechanical System also known as MEMS is a special type of microphone
that works on a very similar principle to an ECM. It has a sensor that picks up the sound
by changes in capacitance, it contains a semiconductor that amplifies the signal which is
usually the Application-Specific Integrated Circuit (ASIC). and a sound port that allows a
sound to move the diaphragm as shown in Figurel.9.

The main difference between ECM and MEMS is in the size and the manufacturing pro-

cess of the microphone. They are made with technology that is used for integrated circuits
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(TR or Sensor) Sound Port
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Glob Top
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PCB Sealing Gold Wire ASIC

Fig. 1.9: MEMS microphone construction, taken from [8].

production [8]. MEMS microphones could be either digital, that has a built-in analog-to-

digital converter (ADC), or analog that could be connected directly to an analog circuitry.

Apart from analog and digital MEMS, there are two more options to choose from. Either

bottom port or top port microphone. In Figurel.9 there is shown a top port construction.

According to [9] a bottom port configuration due to a bigger back chamber, as shown in Fig-

urel.10 has an improved Signal-to-noise ratio (SNR) and it also enables to a have a flatter

frequency response.

Bottom port Top port
Back chamber \_/ Front chamber
~—
Lm0 .

/_\ Front chamber Back chamber

Fig. 1.10: Bottom port MEMS vs. Top port MEMS, taken from [9] and modified.

The top port on the other hand is much easier to solder as in the bottom port configura-
tion the microphone has to be soldered and bonded well to the Printed Circuit Board (PCB)

so there is no air gap.
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1.5 Signal Processor Implementation

This section is focused on the implementation of the signal processor as it is perhaps the most
important part of the ANC system. There are generally 3 types of signal processors: analog,

digital and hybrid, which will be discussed further in the following subsections.

1.5.1 Analog Signal Processor

Analog signal processor was the first type of implementation of the active noise cancelling
technology. It is perfectly capable of complex filter design, to have the desired performance
of noise reduction and practically any typology of ANC could be run by an analog signal
processor. However, the disadvantage of analog ANC is that it is much more difficult to
adjust it during the development process once there are real components [4]. On the other
hand, analog device is easier to repair and replace individual parts. There is not a need for
practically any ADC (analog-to-digital converter) which helps to prevent the system from
any signal distortion, quantisation noise or other issues that might appear while using A/D
or D/A converters.

It has a better chance to lower the power consumption and in the end, it is much more

likely to meet quality criteria that the users demand [10].

1.5.2 Digital Signal Processor

Digital signal processor (DSP) brings a lot of advantages to noise cancelling. It has almost
limitless filtering capabilities and it offers an option to use adaptive filtering, which by analog
controller would be very complicated if not impossible to do so. Yet, the choice of a digital
controller, with nowadays massive computing power, still might not be ideal. Problems
arise with power consumption as digital ANC controllers need usually more power than
analog controllers and the DSP could introduce overall latency to the system. According
to [4] time delay is fairly manageable in FF systems. Unfortunately, in FB ANC it causes a
phase term that could affect the performance up to a degree that the noise reduction is not
very sufficient. It is also important to keep in mind that the "limitless" computing power of

a DSP is not helpful with an improper acoustic design [4].

1.5.3 Hybrid Signal Processor

A hybrid signal processor is a blend of an analog and digital signal processors where we
could take the advantage of both systems and combine them in a way that it improves either
the overall performance or makes the headphones more convenient to use. For instance,

incorporating Bluetooth into the system [4].
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1.6 Adaptive Filtering

The amount of noise reduction in ANC systems, as was mentioned earlier in Sectionl.2,
strictly depends on accuracy of phase and amplitude generated in comparison to an incom-
ing sound. Thus, many ANC systems use adaptive algorithms that not only monitor the per-
formance of noise reduction but they also update the filter in real-time based on the ambient
sound [6]. This would be necessary in ANC systems where are frequent changes in tempera-
ture, and humidity for instance in air conditioning. On a speaker/microphone, performing
noise cancelling, either a mould could form or dust might accumulate, so the frequency
and phase characteristics of a system change. Therefore, it is quite necessary to secure
the system’s performance by providing an adaptive algorithm which removes the necessity
of any additional corrections after implementing the system [6]. Adaptive noise cancelling
systems need at least two microphones where the first is for capturing the noise and the sec-
ond microphone functions as an "error” microphone that controls the performance of a noise
reduction. The block diagram would look very similar to the one in Figure 1.7 except there
is just one signal processor implemented with an adaptive algorithm.

Therefore, hybrid topology does not necessarily mean that the system is adaptive. Adap-
tive filtering could be based on different algorithms for example: Normalised least mean
square algorithm, Affine projection algorithm, Recursive least squares algorithm or Kalman
algorithm [11]. The order of these algorithms is according to [11] in order of their numerical
complexity which does not automatically determine their performance.

Adaptive algorithms and their in-depth analysis are beyond the scope of this thesis.
The reason for that is rather simple. Although adaptive algorithms are utilized in many
different applications, commercial ANC headphones apart from experimental and research
purposes use fixed (static) filtering or possibly selective fixed filtering [12] which is analysed
later in Section 1.7. Adaptive filters have a few disadvantages compared to fixed filtering.
Firstly, there is a risk of divergence with rapid incoming noise changes. Furthermore, they
require much higher computational cost which usually results in the final price of research

that has to be done to satisfy the requirements of ANC headphones [12].

1.7 Fixed Filtering

Fixed filtering is characterized by a static filter that does not change or adapt over time. It
has predetermined filter or perhaps a set of filters. In that case we might call this system
a "simple adaptive" or "selective fixed filtering" as it is mentioned in [12].

The word 'static’ or fixed’ could often leads to a conclusion that the system has a passive
noise reduction only, so it does not do anything actively. Furthermore, as was discussed

in the previous section, fixed filtering is more common in the ANC headphones industry.
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According to [12] fixed filtering is robust and has satisfying noise reduction up to a cer-
tain degree although selective fixed filtering has obviously a certain advantage over simple
fixed filtering. It has a detection algorithm that monitors state changes in the environment,
for instance, how noisy it is or whether the listener is moving or talking. The controller will
then select a particular ANC filter set from its filter bank. This filter bank could be designed
“manually” by simulating different scenarios and environments but recently deep learning
or machine learning has been used for this purpose [12]. This tool could be used also for
optimisation of the fitting of the headset which is important factor for performance of the
ANC (Section 1.3.2).

However, in order to achieve a demanded quality and performance of the ANC system,
there must be done a proper filter design regardless of selected type of filtering. Filter de-
sign for ANC headset is based on particular acoustical measurements that, if done poorly,
will determine the final performance of noise cancelling. These measurements are: passive
attenuation of the ear cups, frequency and phase characteristics of headset drivers and mi-
crophones. There is also one specific measurement for FB topology called an open loop
measurement between driver and inner microphone [13], which will be discussed further
in Chapter 2.
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2 Selected Applied Methodology

The ANC was analysed in the previous chapter , its structure and different components
that are necessary to design a functional prototype such as: microphones, signal processor,
filtering algorithm and headset with drivers. In this chapter there is selected and applied
particular combination of the components and method with further discussion and com-
parison to other potential designs.

Firstly, it would be advisable to gather all of the different combinations in one place

as shown in Figure 2.1, where the pink box represents the selected combination.

{ N 4 N 4 N 4 Ny

Type of Headset Microphones Signal processor Filtering algorithm
a) Over-ear a) MEMS a) Analog a) Fixed
b) On-ear b) ECM b) Digital b) Selective fixed
) In-ear ) Hybrid )  Adaptive

\., v \, o \, o \, o

Fig. 2.1: Selected applied methodology block scheme.

Secondly, all of the parts are going to be taken apart, compared to other solutions with

argumentation for the choices that have been made.

2.1 Headset

Choosing a type of headset for a prototype is a crucial task in terms of competence and tech-
nological capabilities. The in-ear headset did not pass these requirements due to its size.
The goal of this thesis is not to make the ANC system as small as possible. Although, on-ear
headsets are much bigger they are typically for lower ANC performance because they do
not fit as well as over-ear headsets and they are also not very comfortable to wear.

For this particular thesis, there were available two headsets, as shown in Figure 2.2.
The passive attenuation of both headsets as well as the frequency characteristics of the head-
set’s drivers are compared in Chapter 3. For a prototype the black headset on the left side

of the picture was chosen.
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Fig. 2.2: Available headsets for prototyping.

2.2 Microphones

Two types of microphones used for ANC applications were mentioned in Section 1.4: ECM
and MEMS. After considering their advantages and disadvantages, the latter was chosen
for this design. Although ECM is much easier to solder and work with, MEMS usually have
flatter frequency and phase response as the manufacturer provides in their data sheet [16].
Another reason was its smaller size which could be beneficial for future projects.

The bottom port configuration of MEMS from company CUI DEVICES (data sheet is
provided in the Appendix A) was picked for this particular prototype. It has several ben-
efits over top port configuration (Subsection 1.4.2). Bottom port configuration, however,
involved a custom PCB design, (see Figure 2.3) and soldering on a hot plate with the appli-
cation of a solder paste under the microscope (the microphone’s soldering pads are smaller
than 0.5mm). This particular soldering method, after all, lowered the risk of having an air

gap between the PCB and microphone that could affect its acoustic performance.
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Fig. 2.3: PCBs for MEMS microphones.
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2.3 Signal Processor

Choosing a signal processor for a prototype was probably the most important decision of all
and it determined practically most of the steps of the final applied methodology. As one of
the goals of this thesis is to choose a platform for the ANC implementation, there were a cou-
ple of options on the market available. Companies Sony and Qualcomm offered a software
development kit (SDK) which would require a custom design of the board with all the nec-
essary components, amplifiers, preamplifiers, A/D and D/A converters and much more, that
are not as important for the goal of this project, at least for know. In the beginning, it was
clear that the main focus was on the ANC system as a whole, therefore the steps to create

a functional prototype had to be driven in this direction. All of that led to two final options.

2.3.1 Digital Evaluation Kit

Digital evaluation kit ADAU 1787Z from company Analog Devices [17] would provide prac-
tically endless signal processing capabilities, with great support either for the software or hard-
ware and the possibility to apply adaptive filtering method for noise cancellation. Unfortu-
nately, this option was rejected due to financial reasons as the starting price of this evaluation
kit is almost 600 USD.

2.3.2 Analog Evaluation Kit

Analog evaluation kit AS3435 from Austrian company AMS [1] was for a reasonable price,
with full analog implementation. That means, the filtering can be only fixed (static) and filters
are made of analog components such as resistors, capacitors etc.

Even though, in the end, the ANC will be a fully analog implementation, the evaluation
board comes with Inter-Integrated Circuit (I2C), external AAA battery supply and software
that provides infinite changes to configurations on a board. Power off resets the board to fac-
tory settings. Things that could be configured/adjusted are mainly:

1. microphone preamplifier gain

2. power control

3. monitor mode

4. mute settings for Microphones, headphones and line input.

Those settings could be saved in a software and reloaded anytime. After measurements
and adjustments settings could be programmed to a single One Time Programmable cell
(OTP) fuse. Programming the OTP fuse is a permanent change and the evaluation kit is able
to do that three times. This comes in handy after completing the prototyping process so
there is no need for a software or computer to be connected anymore. The software also

provides a filter design tool where filters could be designed based on the measurements.
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Software is supposed to generate a Bill Of Materials (BOM) after simulation for analog filters
that have a dedicated space on the board separately for FF topology as well as FB topology.

Sadly, the documentation does not provide a manual for the software, which the manu-
facturer refers to as "user-friendly" with no warranty at all [1].

Choosing an evaluation kit simplifies many necessary steps that are crucial for making
a functional prototype of ANC headset but may not be directly associated with the primary
emphasis of the thesis which is an implementation of a method of noise cancellation. Those
steps might include parts that provide functionality of the system, but should not affect
the performance, like amplifiers, preamplifiers for microphones, connectors and so on that
are built-in. Furthermore, it was necessary to study and understand the documentation
of the evaluation kit with incomplete information for different functions of the kit as well
as the software.

Optimizing every component, which should function smoothly and not disrupt mea-
surements or complicate analog filter design, would be impractical. Development of a com-
plete system from scratch will be left for future projects.

Following the assignment of this semestral thesis, a platform for ANC implementation
- evaluation kit AS3435 from AMS. The AMS evaluation kit is shown in Figure 2.4.

BNC Connectors
(Line Input, Microphone Qutput)

Board Inter- 12c
connectior Header  Connector

Line Input
Connection

Passive M
Playback

Trim Input
Connection

Monitor [Mode  Power OnfOff  ANC Control
Enable Button  Switch Push Button  Switeh

Fig. 2.4: AMS Evaluation Kit, taken from [1].

The analog filters have a dedicated space on the right side of the board. The complete

data sheet of the evaluation kit is available in Electronic Appendix D or [1].
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2.4 Filtering Algorithm

In Section 2.3, there was chosen an evaluation kit for the prototype, which practically de-
termined the filtering algorithm. Although it could be interesting to get hands-on adaptive
filtering, fixed filtering is a standard in the industry (Section 1.7) and therefore it should be
more beneficial to work with this type of filtering, so it can be tuned to the way that it de-
rives satisfactory results. Fixed filtering will utilize analog filters that will be designed based

on the filter calculations (Section 3.3).
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3 Practical Results

All of the fundamental measurements for ANC headphones design will be characterised
in this chapter. Because there are two ANC topologies that work on very diverse princi-
ple: FF and FB, there is obviously a need to perform two different measurements. Hybrid
topology is their combination, therefore the filter design does not require a separate mea-
surement.

Measurements for a Feed-forward (FF) topology are much more complex and noise re-
duction performance is strongly dependent on them. They include frequency and phase
response of the headset drivers and microphones as well as passive attenuation of the ear
cups [2].

On the other hand, measurement for a Feedback (FB) topology is in fact quite simple.
It includes just an open loop measurement between the headset driver and a FB micro-
phone [13]. Filter for both ANC configurations is designed from gathering and combining

all of the measured data which will be defined in Section 3.3.

3.1 Feed-forward Characterization

To characterize and design a filter for a FF ANC topology it is necessary to first look at
different parameters that influence capturing the incoming noise. Firstly, there is an obvious
passive barrier that will change the frequency spectrum of the incoming noise by the time
it arrives in our ears. Simply capturing and inverting the noise will result in very poor
performance, in the worst case in amplification of the incoming noise. Therefore, passive
attenuation of the headphones has to be compensated and measured for the filter design [2].

Secondly, headsets drivers and ANC microphones are not ideal and they do not have
flat frequency and phase response so they also need to be taken into account for the filter
design.

All frequency and phase responses of measured components for FF ANC characteriza-
tion are shown in Figures 3.1 and 3.2. In the following subsections will be evaluated in detail

all performed measurements.
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Fig. 3.1: Frequency response of the headset.
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Fig. 3.2: Phase response of the headset.

3.1.1 Passive Attenuation

Passive attenuation measurement is quite straightforward and is performed in two simple
steps.

(@) The loudspeaker is placed on a stand, 1 m away, and the acoustic axis of the loud-
speaker is identical to the acoustic axis of the input of the HATS ear canal. Sine sweep
from 20Hz to 20kHz is played from any available audio measurement interface while
the head is without the headset on.

(b) Sine sweep is played again, now with the headset on [2].

Passive attenuation is later calculated directly in the software, APx500 by compare ratio
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or in Excel as shown in Equation (3.1) where A dB(SPL) is Passive attenuation, "with headphones dB(SPL)"
is the second step in the measurement and "without headphones dB(SPL)" is the first step in

the measurement.

AdB(SPL) = with headphones dB(SPL) — without headphones dB(SPL) (3.1)

The same applies to the phase response, so instead of dB values, degree values of the
phase are being subtracted.
Figure 3.3 shows the actual measurement set-up and in Figure 3.4 is the block scheme

of the measurement.

Fig. 3.3: In-box measurement.

AEQ Sine sweep
%

Audio precision

Out In

Fig. 3.4: Passive attenuation measurement block scheme, modified and taken from [2].
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Equipment used in the measurement of the passive attenuation was: a studio monitor
EVENT 20/20bas V3, APx 525 audio analyzer and 1/2" 4189 free field microphone mounted
in an ear of HATS (Head and torso simulator) type 4128c without a torso along with a charge
amplifier 2692 Nexus, all from Briiel & Kjer.

The first measurement that has been performed was the passive attenuation of the head-
set. As was mentioned in Chapter 2, there were two available headphones to choose from.
The goal for this measurement was to choose one headset based on its performance in pas-
sive attenuation. In Figure 3.5 is pretty obvious that the black headset does a much better

job at noise reduction between 600 Hz and 4kHz.

Attenuation of different headphones
10
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-20 —Black

Lp [dB]

-30

-40

20 200 2000 20000
f [Hz]

Fig. 3.5: Passive attenuation of two available headsets.

Although, passive noise cancelling is not crucial for a demonstration of a functional
ANC, choosing the black headset over the silver will most likely mean much better final
noise reduction. Frequency responses of both of the drivers were surprisingly very similar
so it was not an important factor to consider while choosing a headset.

This first measurement was performed at the beginning when the headset did not have
MEMS microphones mounted yet. As it is important to obtain the same measurement con-
ditions, the measurement of the passive attenuation was repeated along with the frequency
and phase response of the drivers and microphones. Sadly, it was found out that the box with
the artificial head is causing resonance between 200 and 250 Hz as shown in the comparison
between in-box measurement and anechoic chamber measurement (Figure 3.6).

Measurement had to be repeated in the anechoic chamber due to the fact that the reso-

nance at lower frequencies would affect the filter design negatively.

34



Passive attenuation of right ear cup

(in box vs anechoic measurement)
25

20
15

10

Lp [dB]

—In-box measurement

—Anechoic chamber
-10

-15
-20

-25

20 200 2000 20000

f [HZ]

Fig. 3.6: Passive attenuation measurement comparison.

3.1.2 Drivers

The frequency and phase response of the drivers is a second fundamental measurement that

is performed on the headset. The block scheme of this measurement is shown in Figure 3.7.

AMS AS3435

Line in Headphones

Audio precision

Out In

Fig. 3.7: Frequency and phase response of a driver block scheme, modified and taken
from [2].

Sine sweep is played from the Audio precision through the evaluation kit, which should
not affect the signal but has to be taken into account, to the headphones input and captured
by the microphone in the head’s ear [2]. Equipment used in this particular case was: APx
525 audio analyzer and 1/2" 4189 free field microphone mounted in an ear of HATS type
4128c without a torso along with a charge amplifier 2692 Nexus, all from Briiel & Kjer.

Inbox measurement in this particular case had very little effect on the output data compared
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to a measurement in the anechoic chamber as shown in Figure 3.8. The little differences
in the low end and high end of the spectrum could be caused by the position of the headset
on the head. Air leakages cause a drop in the low frequencies and the distance of the driver

from the ear changes with the pressure of the headset when a headband is adjusted.

Frequency response of right driver
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Fig. 3.8: Drivers measurement comparison.

3.1.3 Microphones

The third and last characterization measurement for a FF ANC is the frequency and phase
characteristics of the MEMS microphones mounted on the outside of the ear cups. Fig-

ure 3.9 shows the block diagram of the measurement setup.

MEMS

AEQ Sine sweepE

AMS AS3435

Mic

QMic

L

Audio precision

Out In —

Fig. 3.9: Frequency and phase response of MEMS block scheme, modified and taken
from [2].
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Frequency and phase response of microphones is measured in two different ways [14]:

1. Simultaneous method - the voltage of a measured microphone and reference micro-
phone is measured at the same time with a feedback generator that provides a constant
voltage for a reference microphone. The advantage is that everything is done in one
single measurement but reflections of wavelengths smaller than the size of the micro-
phones could affect the measurement.

2. Substitutional method - the measured microphone and the reference microphone are
measured at the same spot separately while a division of the output voltages of a ref-
erence microphone and measured microphone provides sensitivity of the measured
microphone. The downside of this method is an uncertainty caused by not putting

the microphones exactly in one spot.

The simultaneous method was performed during the in-box measurement while the substi-
tutional method was used in the anechoic chamber. Although the results for frequency re-
sponse from simultaneous measurements were satisfactory (reflections did not affect the mea-
surements as much as was expected) as compared in the provided Figure 3.11, phase re-
sponse for the reference microphone had a value of zero degrees across the whole spectrum.
This result is practically impossible to obtain even though it is a high-quality reference mi-
crophone. Due to concerns of insufficient results had been concluded to repeat the measure-
ment by a different method and in a quieter environment, hence the substitutional method
in the anechoic chamber (see Figure 3.10) using the following measurement equipment: a
studio monitor EVENT 20/20 bas V3, APx 525 audio analyzer and 1/2" 4189 free field mi-
crophone with a charge amplifier 2692 Nexus and HATS type 4128c without a torso, all

from Briiel & Kjer.

3.2 Feedback Characterization

Feedback characterization measurement is rather simple compared to FF. There is required
only one measurement: an open loop measurement between the headphone driver and
the inner feedback microphone. Open loop measurement means to generate a sine sweep
signal from 20 Hz to 20 kHz and to measure the frequency and phase response between
the microphone and speaker and vice versa. It is performed by connecting the signal output
of the Audio Precision APx 525 analyzer to the line input of the evaluation kit. The head-
phone driver must be connected to the headphone amplifier output on the board while the
inner feedback microphone is connected to the preamplifier pin called "MIC". Signal input
is taken from the "QMIC" pin on the board which is the output of the microphone pream-
plifier. The gain of the preamplifier is set to 0 dB and the headphone multiplexer is in the

not connected position which is configured in the software for the evaluation kit [13]. The
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Fig. 3.10: FF ANC microphones measurement setup.
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Fig. 3.11: Microphones measurement comparison.

block scheme of the open loop measurement setup is shown in Figure 3.12, HATS type 4128¢
without a torso is used only as a support for the headset.

In Figures 3.13 and 3.14 there are shown the frequency and phase response of the right
side of the headset.
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3.3 Filter Calculation

Filter calculation is the first step of a filter design. Filter design is mandatory for the ANC
headset or any active noise reduction systems. Merely inverting the incoming signal is un-
likely to yield satisfactory noise reduction results. Therefore, the ideal ANC filter gain and
phase are calculated. Due to two different measurements there is a need to create sepa-
rate filters for FF and FB ANC configuration. In the following subsections will be estab-
lished the calculation for the ideal filters for both ANC topologies as well as the calculation

of the filters based on the performed fundamental measurements.

3.3.1 Feed-forward Filter

Ideal ANC filter for the feed-forward topology according to [2] is calculated as follows:

« Ideal FF Filter Gain

Agier(f) = A1(f) — (A2(f) +As(f)) [dB(SPL)] (3.2)

 Ideal FF Filter Phase

Prieer () = 91(f) = (d2(f) + @5(f)) [, (3.3)

where Ajije,(f) is the desired ideal filter gain in dB(SPL), A;(f) is a gain of the pas-
sive attenuation, A,(f) is the gain of the microphone response measurement and As(f) is
the gain of the driver response measurement, all in dB(SPL). ¢gyer(f) is the desired ideal fil-
ter phase response in degrees, ¢; (f) is a phase of the passive attenuation, ¢o( f) is the phase
of the microphone response measurement and ¢3(f) is the phase of the driver response
measurement, all in degrees.

Referring to the Equations (3.2) and (3.3) the gain and phase of the ANC filter for feed-
forward topology were calculated based on the executed measurements (see Figures 3.15
and 3.16).
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Fig. 3.15: FF filter gain calculation.
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Fig. 3.16: FF filter phase calculation.

3.3.2 Feedback Filter

The calculation of the FB ANC filter is quite straightforward. Because there is only one
measurement for the FB characterization, gain and phase response of the FB ANC filter are
just an inversion of the measured characteristics [13]. Therefore, the amplitude of the filter is
Avtitter(f) = Anmeasurea(f) * — 1, where Afiype, (f) is the desired ideal filter gain in dB(SPL),
Apmeasured(f) is the frequency response of the open loop measurement in dB(SPL). Phase
of the filter is Pgiuer (f) = Omeasured (f) * — 1, where ¢gyeer(f) is the desired ideal filter phase
response in degrees and @neasured(f) is the phase response of the open loop measurement.
The calculated gain and phase of the FB ANC filter are shown in Figures 3.17 and 3.18.
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Fig. 3.17: FB filter gain calculation.
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Fig. 3.18: FB filter phase calculation.

3.4 Filter Simulation

Filter simulation is the second step of the filter design process. The goal is to match the filter
calculation results as close as possible in terms of the frequency and phase characteristics.
The precision of matching the calculations will determine the results of a noise reduction.
Analog filter implementation brings certain limits, however, keeping in mind that ANC does
not reduce the noise above a certain threshold it is very much possible to build a filter that
will copy the desired calculated filter.

Filter has been simulated in the AMS software provided with the board which is sup-
posed to be based on the SPICE (Simulation Program with Integrated Circuit Emphasis).
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The intuitive graphical user interface (GUI) makes the simulation process much easier as
shown in Figure 3.19 but it also provides the option to choose specific components from

the E24 series (in Figure 3.19 expert settings). Software analogically provides the same tool
for the FB filter.

ANC Control Monitor Mode Control Playback Mode Control EQ Designer Feed Forward Fitter Simulation Feed Backward Filter Simulation

Broject Contrl Low Snelt |[Boosted Notc|[ High Shell
Load Project o R
Attenuati
Save Project Gai 20 EdB| - Gai 20 [ d
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Tune Notch Filter 2 Simulation Control Filter Order * Bessel e 1dBri
1st Orde Butterwort 24B rip
ine Boosted Notch Filt sort Headset D xport BOI e Eval Board Seft Simulate Filter e 2nd Ord Chebyshe 3dB rip

Fig. 3.19: FF filter simulation tool in AMS.

The result of the simulation of FF filter and its gain and phase response in AMS software
is shown in Figure 3.20. The green curve (Measured) represents the calculation of the filter
based on the headset measurement whereas the blue curve (Calculated) represents the sim-
ulation of the analog filter.
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Fig. 3.20: FF filter simulation.
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Figure 3.21 on the other hand shows the result of the simulation of FB filter and its gain
and phase response in AMS software. The green curve is the calculation of the filter based

on the headset measurement whereas the blue curve is the simulation of the analog filter.
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Fig. 3.21: FB filter simulation.

The gain mismatch of approximately 16 dB between the calculated and measured curves
has been done on purpose due to the risk of an oscillation in the feedback system in the most
important frequency region. The AMS software provides a warning tool based on the input
data (shown in Figure 3.22) highlighting the frequency band with the red box where the
oscillation is likely to occur. The microphone preamplifier is able to amplify the captured
noise by 31 dB with a step of 0.5 dB, which could shift the curve up and match the filter

calculation as closely as possible later in the noise reduction characterization measurement.
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Fig. 3.22: FB oscillation warning tool.
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3.5 Filter Soldering

Filter soldering is the next step after the filter simulation. All of the 0805 SMD capacitors
and resistors from the E24 series had been placed and soldered to a dedicated space on
the evaluation kit. Generated BOM is available in Appendix B. For this particular prototype,
the FB ANC topology had been chosen for the left channel (see Figure 3.23) and the FF
configuration for the right channel (see Figure 3.24). The schematic of analog filters for

both right and left channels are available in Appendix C.
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Fig. 3.24: FF analog filter.

3.6 Filter Evaluation

The last step of the filter design is the evaluation of the analog filters. After soldering the com-
ponents it is necessary to make sure that all of them are secure in place and have electrical
contact with the board. Evaluation also requires testing the frequency and phase response
of the whole filter and checking for any errors or differences from the simulation. Measur-
ing the frequency as well as phase response is fairly straight forward. For the FF filter (right
channel on the evaluation board) output of the audio analyzer (in this case Audio Precision
APx525 along with its software APx500) is connected to the MICR input, which is located
at the input of the microphone preamplifier (schematic available in Appendix C), and analog
ground pin on the board. The input of the analyzer is connected to the Headphones out-
put pin and an analog ground pin. The same procedure applies to the FB filter (left channel
on the evaluation board, MICL input). In the software, it is important to select the cor-
rect operational amplifier (OPAMP1 for FF and OPAMP?2 for FB) and turn it on. The gain
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on the microphone preamplifier is set to O dB. The results of the measurement, frequency

and phase response of both of the filters, are shown in Figure 3.25.
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Fig. 3.25: Filters evaluation.

The AMS software does not provide the export of the simulations so the frequency and
phase response could be compared only visually. FF filter (the red curve and blue curve)
follows the shape of a simulated curve in frequency and phase response with a total atten-
uation of 70 dB (from 20 Hz to 10 kHz) whereas the simulation promises the same 70 dB
attenuation up to 10 kHz. It means that the analog filter has been built correctly. Phase has
also the same shape and values are all between -200 and -300 degrees which is in accordance
with the simulation (exact values are determined by the input signal).

FB filter (black curve and yellow curve) also follows the shape of a simulated curve in
both frequency and phase response. The filter’s attenuation is 60 dB (from 20 Hz to 10 kHz)
per the simulation. Filters for any ANC topologies should behave from a certain limit fre-
quency as a low pass filter to cut of the higher frequencies that are not being actively can-
celled by the ANC system.
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3.7 Noise Cancelling Evaluation

The active noise-cancelling headset prototype based on the previous calculations, simula-
tions and measurements using evaluation kit AS3435 from AMS will be evaluated in this
section. The prototype uses only two out of three topologies: FF and FB since the evalua-
tion board supports Hybrid topology only via the interconnection of two evaluation boards.
The headset, however, has four microphones in total, so it is perfectly capable of using the

Hybrid topology.

3.7.1 Evaluation Board Assessment

Before the actual ANC evaluation of the headset, it is necessary to ensure that the evalua-
tion board is working properly. To do so, the following measurement setup is built: output
number one of the audio analyzer (Audio Precision APx 525) is connected to the microphone
input of the board as well as to the input number one of the APx via BNC-T connector. The
headphone output of the evaluation board is connected to the second input of the APx. In
simplest terms, the noise cancelling is being simulated by using only the board without the
microphones or headphones, making the measurement faster and essentially more flexi-
ble since there is no need to use the anechoic chamber. Figure 3.26 shows the frequency
and phase characteristic of the incoming test signal which is a sine sweep from APx (black
curve, green curve) and the signal generated by the processor for the cancelling (red curve,
blue curve). These results, however, do not represent the simulation of what will happen
when the microphones and the headset are connected to the board. The red curve copies
the FF analog filter. In this particular scenario, it is impossible to tell in advance how the
system will behave as a whole because the filter has been designed to operate with the chosen
headset and the microphones. It is merely a demonstration that the system is working.
While the evaluation board is working as expected most of the time, when running on
an AAA battery, it sometimes causes software failure. The evaluation board is also not able
to filter out the disrupting signals from the USB connection that occasionally interfere with
the signals that are being processed on the board. The solution would be to use the OTP
option (section 2.3.2), so the software is no longer needed. However, for the testing and
measurements where several adjustments must be made, it is not the best option since the
evaluation board could be fused only 3 times. Disrupting signals are shown in Figures 3.27.
The board sometimes suddenly turned off the microphones so several measurements had

been disrupted.
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Fig. 3.26: Active Noise Cancelling on evaluation board.
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Fig. 3.27: (a) Occasional distortion of the output harmonic signal. (b) Occasional impulse

appearing in the output signal.

The "perfect” noise cancelling is achieved in a monitor mode (shown in Figure 3.28)
due to the inverting configuration of the microphone preamplifier. Monitor mode means
that the microphone input bypasses the analog filters directly to the headphone output.
In practice, this effect will be almost completely reduced by the microphones and the head-
set because they change the signal in gain and phase. The graph also shows very little effect
on phase characteristics when turning up the volume, in this case by 10 dB (dashed lines)

which has been configured in the AMS software as the gain of the microphone preamplifier.
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Fig. 3.28: Monitor on evaluation board

3.7.2 Active Noise Cancelling Evaluation

The last measurement of all is the ANC evaluation. The measurement is performed by plac-
ing the speaker (noise source) 50 cm away from the headset and on the axis with the outer
microphone. The reference microphone in the artificial head is picking up the sound so
the acoustic pressure can be measured inside of the ear cup with ANC on and oft. For this
particular measurement were used the following equipment: studio monitor EVENT 20/20
bas V3, APx 525 audio analyzer and 1/2" 4189 free field microphone with a charge amplifier
2692 Nexus and HATS type 4128c without a torso, all from Briiel & Kjer. Figure 3.29 shows
the block scheme of the measurement setup.

Sine sweep/ pink noise
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Fig. 3.29: ANC evaluation block scheme.
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The first thing to evaluate before determining the effect of ANC is the effect of the PNC -
Passive noise cancelling. In Figure 3.30 are displayed 3 different curves: the red curve is the
acoustic pressure level in dB(SPL) of the noise source (sine sweep from 20 Hz to 20 kHz and
1.4 seconds long), the black curve is the PNC (headset is placed on the artificial head) and
finally the blue curve is the ANC turned on. On this scale, the ANC effect is barely visible
and the headset is apparently causing a resonance from 20 Hz up to 200 Hz that amplifies
the incoming noise by almost 12 dB. The effect slowly decreases until around 800 Hz. Al-
though, that much amplification, which is most likely the material origin (of the earcups)
is not helpful at all, proper ANC design would eliminate it and also decrease the acoustic

pressure level at the lower frequencies below the values of the red curve.
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Fig. 3.30: PNC evaluation.

Unfortunately, this is not the case. Looking at Figures 3.31 and 3.32 where the acoustic
pressure levels are displayed in dB(SPL) of PNC and ANC for both FF and FB topologies, is
the noise reduction not sufficient. The actual effect of the ANC (difference of the acoustic
pressure level of PNC and ANC) is calculated and displayed in Figure 3.33. The FF ANC
configuration has the peak performance of 3.5 dB at around 130 Hz and frequencies from
250 to 350 Hz and 350-450 Hz are reduced by 1-2 dB. Frequencies from 30 Hz to 45 Hz are
even amplified by 1-2 dB. Even though the measurement setup and technical equipment are
precise, values under 1 dB could be taken as a measurement deviation. A subjective listening
test showed that the ANC effect is not noticeable, which is pretty obvious from the measured
data. FB ANC configuration has a slightly better overall performance with a reduction of
1-2 dB between 25-35 Hz, over 2 dB reduction between 60-100 Hz and a little over 1 dB
between 300-500 Hz and at around 700 Hz. The FB ANC configuration caused, on the other
hand, much more amplification compared to the FF ANC configuration, 3.5 dB at 25 Hz, 1.5
dB at 50 Hz and 200 Hz, 2 dB at 100 Hz and almost 2 dB at around 550 Hz.
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Fig. 3.33: Active noise reduction of FF and FB.

3.8 Comparison with other ANC headphones

The final ANC headset prototype has been also compared to two commercially available
ANC headsets on the market (Figure 3.34): Bose QuietComfort 25 (red curve) and Sony
WH-1000XM5 (black curve). The headset from Bose uses a FF topology (it has only 2 outer
microphones) so it has a slightly better performance at the very low end. Sony, on the other
hand, has 8 microphones in total, 2 are located inside and 6 outside. Hybrid topology of this
kind has an astonishing noise reduction of over 20 dB from 60 Hz up to 400 Hz with a peak
performance of more than 40 dB at roughly 300 Hz. It effectively cancels the noise from
30 Hz to almost 700 Hz. Despite the fact that the proposed ANC prototype for this thesis
could not compete in performance with these two chosen ANC headsets, it demonstrates
the noise reduction achievable in practice with proper acoustic and electronic design and
how it improved over the years (the headset from Bose is a few years older than the headset

from Sony).
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Conclusion

The main goal of this bachelor thesis was to propose a method of active noise cancelling for
a headset and to build and measure a prototype of this kind.

Following the assignment of this bachelor thesis, different methods of active noise can-
celling as well as three specific topologies of ANC headphones used in the industry were
analyzed. Based on the essential parts of the ANC headset and their analysis a prototype
was designed and built with four MEMS microphones. As it is crucial to measure the fre-
quency and phase response of the headset to design a filter, there were performed various
measurements.

In this particular project, different methods for measuring the frequency and phase re-
sponse of all different components were used. Some of them turned out to be satisfactory
and some of them had to be measured differently again. In the end, measurements were
able to provide values for the filter calculation that were utilized later in the filter design.
Designed analog filters were measured and compared to the simulations.

Chosen platform for this prototype was the analog evaluation kit AS3435 from the com-
pany AMS. Active noise cancelling was proposed to be implemented by the static filtering
noise cancellation method with analog filters. This method was tested across two ANC
topologies and compared to two commercially available solutions on the market.

Evaluation results despite countless measurements, investigations and analyses of the ANC
headset prototype did not match the desired and expected active noise reduction. Asthere
are potentially many reasons behind the not sufficient ANC performance, it is very impor-
tant to analyze the whole prototyping process and to come up with solutions that could
make the ANC headset better and well-functioning in the future. Firstly, analog solution
has many advantages, it is indeed a cheaper option and does not require any AD/DA con-
verters. Unfortunately, any changes to the frequency and phase response of the analog filter
are not easily carried out. Digital filter, on the other hand, would be probably much flex-
ible during the whole prototyping process. That is not to say that analog filters should be
avoided at all costs, but it is simply more convenient to use the digital domain because the
nowadays computing power allows that. Secondly, the material of the headset ear cups is
causing an unusual resonance at the low frequencies, which most likely affected the measure-
ments hence the final filter design and ANC/PNC performance. It appears that the acoustic
design is indeed fundamental and should be taken into account much seriously for future
projects. The chosen analog evaluation kit has also shown issues while running on battery
or connected to the PC via USB which could potentially contribute to the level of the noise

reduction.
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The following solutions to improve the noise reduction of this particular prototype are
recommended:

1. to repeat the measurements, design the filters again and compare the results,

2. to use another headset that has a better acoustical design,

3. to replace the analog platform with the digital platform so it could be tuned even

at the end of the measurements much faster and easier.
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Symbols and abbreviations

Abbreviation Meaning

FF
FB
ANC
ASIC
ADC
JFET
SNR
PCB
ECM
A/D
D/A
DSP
MEMS
SDK
BOM
OTP
SPICE
GUI
HATS
SMD
PNC

Feed-forward ANC topology
Feedback ANC topology

Active noise cancelling
Application-Specific Integrated Circuit
analog-to-digital converter

junction field-effect transistor
Signal-to-noise ratio

Printed Circuit Board

Electret condenser microphone
Analog to Digital

Digital to Analog

Digital signal processor
Micro-Electro-Mechanical System
Software development kit

Bill of Materials

One Time Programmable

Simulation Program with Integrated Circuit Emphasis
graphical user interface

Head and Torso Simulator
Surface-mount device

Passive noise cancelling

Symbol Dimention Quantity

f

iS]

&~ & 6 >

bS]

[Hz] frequency

[m - s speed of sound in air at 20 °C
[m] wavelenght of a sound wave
[°] phase

[dB] sound pressure level

[dB(SPL)] sound pressure level with reference to py = 20 pPa
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A Datasheet of MEMS microphone

Additional Resources: Product Page

date 04/06/2023
page 10f6

CUDEVICES

MODEL: CMM-2718AB-38162W-TR | DESCRIPTION: MEMS MICROPHONE

FEATURES

- bottom port

- analog

+ omnidirectional

- frequency response range (20 Hz-20 kHz)

N
RoHS

ELECTRICAL

parameter conditions/description min typ max units
directivity omnidirectional
sensitivity (S) at1V/Pa, 1kHz -39 -38 -37 dB
supply voltage (Voo) 1.5 3.6 \"
current consumption (loss) 150 170 pA
sensitivity reduction no change across the voltage range dB
frequency (f) 20 20,000 Hz
signal to noise ratio (S/N) 20 kHz bandwidth, A-weighted B2 dBA
total harmonic distortion (THD) at 84 dB SPL, 1 kHz, Rload > 2 k 01 %
acoustic overload point (AQP) at10% THD, 1kHz, Rload > 2 k 123 dB SPL
output impedance (Zout) at1kHz 200 Q
dc output 0.7 \
PSRR 200 mVp-p sine wave @ 1kHz, Voo =18V 70 dB
PSR 100 mVp-p square wave [@ 217 Hz, Voo =1.8 V -100 dBV(A)
Notes: 1. All specifications measured at 25°C, humidity at 45¢5%, unless otherwise noted.

ENVIRONMENTAL

parameter conditions/description min typ max units
operating temperature -20 70 °C
storage temperature in packaging -40 100 °C
RoHS yes

MECHANICAL

parameter conditions/description min typ max units
dimensions 2.75x1.85x0.90 mm
acoustic port bottom

terminals surface mount

weight 0.03 g

cuidevices.com
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Additional Resources: Product Page

CUI DEVICES | MODEL: CMM-2718AB-38162W-TR | DESCRIPTION: MEMS MICROPHONE date 04/06/2023 | page 2 of 6

MECHANICAL DRAWING

units: mm

tolerance:

length, width, height: +0.10 mm

acoustic port: +0.05mm 185 |

09 .3 0.125
unless otherwise specified: £0.15 mm |‘_ I ——i — _.I '._ L2

159 — L 065 1065 | 0125
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Note: 2. Itis recommended that the components on the left side of red line be placed close to MIC, and components on the right side of red line be placed close to CODEC.
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Additional Resources: Product Page

CUI DEVICES | MODEL: CMM-2718AB-38162W-TR | DESCRIPTION: MEMS MICROPHONE date 04/06/2023 | page 3 of 6

FREQUENCY RESPONSE CURVE

at20 Hz - 10 kHz

Frequency Response @94dB SPL
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B BOM

for analog filters

FF BOM

Component  Value
R86 47.50k
R112 47.50k
c7 10.00u
c6 10.00u
C60 2.20u
C95 2.20u
R47 1k
R91 1k
R48 1k
R92 1k
R59 510 (zmenene na 680)
R103 510
RS3 4.30k
R97 4.30k
C54 1.60u
c89 1.60u  (zmenene na 1.5u kvoli obchodu)
C55 1.60u
€90 1.60u
Cca8 3.30u
c83 3.30u
134 Open
Ja1 Open
R49 5.10k
R93 5.10k
RS0 5.10k
R94 5.10k
R60 2.40k
R104 2.40k
RS54 24k
R98 24k
C56 33.00n
ca1 33.00n
C57 33.00n
€92 33.00n
C49 62.00n  (68n kvoli obchodu)
Cc84 62.00n
135 Open
142 Open
R66 68k
R110 68k
R61 270k
R105 270k
R67 56k
R111 56k
C58 4.70n
co3 4.70n
C65 30.00n
CunknownLow2 30.00n

FB BOM
Component
R64
R108
R86
R112
c7
Ccé6
C60
C95
135
142
R47
R91
R48
R92
RS9
R103
RS53
R97
C54
c89
C55
€90
C48
C83
134
Ja1
R43
R87
R44
R88
R56
R100
R109
R156
R67
R111
R62
R106
R66
R110
R51
R95
R45
R89
R46
R90
R69
R155
R55
R99
C50
C85
C51
C86
Caa
c79
C58
€93
R74
R119
R75
R120
R80
R125
R77
R122
Cc73
C108
C74
C109
Cc70
C105
138
145
R84
R129
R82
R127
R83
R128
C75
C110

63

Value
0.00
0.00
22k
22k
10.00u
10.00u
750.00n
750.00n
Set

Set
2.20k
2.20k
2.20k
2.20k
1.10k
1.10k
18k
18k
270.00n
270.00n
270.00n
270.00n
470.00n
470.00n
Open
Open
20k
20k
20k
20k
10k
10k
1.00
1.00
20k
20k
39k
39k
0.00
0.00
160k
160k
0.00
0.00
0.00
0.00
0.00
0.00
0.00
0.00
82.00n
82.00n
82.00n
82.00n
180.00n
180.00n
27.00n
27.00n
2.20k
2.20k
2.20k
2.20k
1.10k
1.10k
39k
39
150.00n
150.00n
150.00n
150.00n
330.00n
330.00n
Open
Open
4.70k
4.70k
6.80k
6.80k
0.00
0.00
82.00n
82.00n



C Schematic of AS3435 evaluation kit
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AS3435 Evaluation Board V1.1

Table of Contents

Sheet 1: Title Page

Sheet 2: Project Page (This page)

Sheet 3: AS3435

Sheet 4: Audio Connectors

Sheet 5: Music EQ

Sheet 6: ANC Filter Right

Sheet 7: ANC Filter Left

Sheet 8: FB Music Compensation Network

PCB Stackup

Tatal Height [1.531mm)

Core[1.5mm)

Revision History

V1.0: Released on 12/05/12
V1.1: Released on 01/02/13
-Added FB notch filter resistors
-Added second notch filter @ Music EQ
V1.2: Released on 05/28/13
-Added BSS84 transistor circuit for Mode pin
-Removed J16, J17
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ANC Control

BNC Connectors
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in box measurements .............ieeiieeinn.n. excel files of in box measurements
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