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I wonder if anyone is listening



Abstract

Public address (PA) systems are an integral part of every building. Their function as a safety and se
curity system could benefit from adding recording capabilities. With such capabilities, people could be
located during evacuation or announcements could be adjusted to room acoustics for better intelligi
bility. However, adding microphones to a PA system is too costly and inefficient to be feasible. This
thesis evaluates the feasibility of using the loudspeakers already in place as recording devices to pro
vide information to the system. To this end, a system using a single loudspeaker as both a playback
and recording device is analysed, modelled and simulated. The results show that using a current mea
suring setup with an analoguetodigital converter capable of detecting a range of roughly 120 dB, a
speech signal up to three metres in a cone of 120° from a loudspeaker can be successfully estimated
in an office room with an announcement playing and background noise present. As the estimated sig
nal is unknown to the system, the solution generalises to other signal types as well. A system with a
single loudspeaker can be utilised for the use cases presented, and is therefore proven feasible. To
increase the practicality of the system, it is recommended to continue the research in two main areas.
The first area considers improving the quality of the recording and extending the range from which the
system can produce accurate recordings. The second area considers of evaluating the practical im
plementation of the system, by extending the single loudspeaker case to a multiple loudspeaker case
and generalising the system to be readily implementable in a large variety of PA systems.
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Preface

Since as long as I can remember, I have been enjoying music coming from loudspeakers. When I got
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1
Introduction

Across the world, sound reproduction systems are almost omnipresent. From people talking on their
phone to musicians being amplified in stadiums filled with thousands of people, sound is being recorded
and played back through electronics. In this process, two types of transducers are essential. Micro
phones convert acoustic signals into electronic signals to be transmitted or stored. The other, loud
speakers, convert an electric signal into an acoustic signal. Over the past few decades, both of these
devices have been optimised for their intended direction of transduction, and many different types of
loudspeakers and microphones were developed for specific use cases [1–4].

As for loudspeakers, one type still remains the most popular since its first introduction in 1925: the
movingcoil electrodynamic loudspeaker. Even the electrical symbol for loudspeakers is derived from
the general shape of these types of loudspeakers [5]. An example of a movingcoil electrodynamic
loudspeaker is shown in Figure 1.1.

(a) Side view

(b) Front view

Figure 1.1: Example of a movingcoil electrodynamic loudspeaker.

In the microphone realm, several different types are commonly utilised depending on the use case.
One of these types is the dynamic microphone, also known as the electrodynamic microphone or the
movingcoil microphone. While it is not very common in most applications [4], it is the most popular
type of microphone for onstage singing. As such, most people would recognise the example shown
in Figure 1.2.

From the nomenclature of these devices alone, it can be devised that the operational mechanics
inside are related to each other. If the loudspeaker and microphone mechanisms are similar enough,
perhaps loudspeakers could also be used asmicrophones. Cases exist where loudspeakers are indeed
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2 1. Introduction

used as microphones [6, 7], but transparent scientific research is still lacking. This thesis attempts to
start closing the gap, by evaluating the usage of loudspeakers for audio recording purposes.

In Chapter 2 possible use cases for recording audio with loudspeakers will be discussed. A reflection
on these use cases will allow for proper scoping of the research. It will then continue with the the
research objective, as well as the underlying research questions from these cases. After this, the
organisation of this thesis will be explained using the research questions.

Figure 1.2: The SM58® dynamic microphone.



2
Research objective

For different types of sound reproduction systems, different characteristics are required from the de
vices in use. To facilitate this, loudspeakers come in many different shapes and sizes. Even within one
enclosure, different sizes of loudspeakers can often be found. A proper scoping and an evaluation of
different use cases is therefore necessary. In what case could it be beneficial to use a loudspeaker for
recording? This chapter describes such a use case, from which the research objective and research
questions will be derived. It concludes with discussing the structure of this thesis.

2.1. Why not use a microphone?
Within the project context, one of the first suggestions to come to mind is to simply use a microphone.
Nowadays, small and cheap microphones are readily available, and they have a sufficient quality for
most use cases. This is also why they can be found in many systems used in daytoday life. Smart
phones and tablets, laptop computers, and smart speakers all have small microphones inside. Wireless
earbuds and hearing aids even perform beamforming techniques with multiple small microphones in
side the devices to improve sound quality and speech intelligibility [8, 9]. Almost every system that
includes a microphone can record a sufficient quality audio signal for its use. On top of that, for a lot of
systems microphones could be added at relatively low cost. For this thesis to have the most impact, it
focuses on applications with no microphones present, and where adding microphones would be costly.

A family of systems that fits these needs is the public address (PA) system. These systems are
designed for electronic sound amplification and distribution. Within this family, the systems focused
on distribution are of particular interest for this project, as the speakers and the microphones are iso
lated from each other. These PA systems are the ones found in, e.g., office buildings, hotels, or train
stations, where the focus is on announcements and voice alarming. An example of a PA loudspeaker
integrated in a ceiling is shown in Figure 2.1. These systems are partly embedded into buildings during
construction. Changing the architecture is therefore often very hard and costly. Adding a network of
microphones is thus generally not an option, and finding a way to record sound with the existing archi
tecture could be beneficial. In the rest of this report, when talking about PA systems, this specific type
of system is meant.

2.2. Use cases in public address systems
In a PA system, several use cases exist for recording with loudspeakers.Three key cases are given
here:

3



4 2. Research objective

Figure 2.1: An example of a PA system speaker integrated into the ceiling (indicated in green).

• Event detection  In case of emergencies, quick and complete evacuation of an area or building
is imperative. Using loudspeakers as microphones, one might be able to detect the presence
of people. This way, people, possibly in need of help, can be effectively found. Also, in case of
calamities, a recording of the PA system could provide information such as the time of occurrence
of a certain event. As a PA system is inherently a security system, this functionality would be an
ideal addition to the current systems.

• Adaptive Announcements  If during playback of announcements a signal can also be recorded,
this recording could be used to give feedback to the system on the announcement. Some exam
ples: if one could hear a train coming in on a platform, the level of the announcement playing over
the speakers could be increased to make the announcement more intelligible. An estimation of
the room in which the announcement is played could also be made. This can be done by listening
to the reflections from a played signal, and making an estimation of the acoustic transfer function
(ATF) of a room. This function describes how the signal propagates and reflects in the space,
which can then be used for preprocessing of other signals. When evaluating this use case, three
possible outputs of the system were defined:

1. An ambient noise level estimation;
2. An estimation of the acoustic transfer function of the room;
3. A full recording (from which the previous two could also be estimated).

• Espionage  This thesis will provide certain tools that could be misused for espionage. Due to
ethical objections this is not a focus of this thesis. There is, however, no denying that if the audio
quality is sufficient, a possible security risk is exposed. Given the long history of research in the
audio field, it is also reasonable to assume parties along the way have already tried this, or are
actively involved in this use. If from the results from this research espionage seems plausible, a
public warning is in place. This is something that needs to be taken into account throughout the
project.
To put the previous statement into perspective, a note needs to be added. Nowadays, people
generally have one or more recording devices with them at all time. If someone with malicious
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intent would try to listen in on a conversation, hacking into someones phone or laptop for a micro
phone signal would be the logical way to go. This means the possible security risk in the speakers
is relatively small compared to other methods of espionage.

The first two use cases were chosen as a focus for this thesis, from which the scoping and research
questions will be defined.

2.3. Research objective and research questions
The research objective can be established from the presented use cases.

The research objective is to devise a systemwhich can use a loudspeaker to simultaneously
play and record audio. This system should consist of components as similar as possible to
those in a public address (PA) system.

The focus of this research will be on combining theoretical concepts with practical insights. The the
oretical component exists of building a signal model, a digital signal processing (DSP) element and a
conceptual design of an electronics system. The practical component will support the signal model by
providing inputs based on experimentation and simulation, which are used for validation and adaptation
of the model. To reach the research objective, several research questions are set up and presented
below:

RQ 1  What components does a PA system consist of?

RQ 2  How can audio be recorded using a loudspeaker?

2a  What is the response of a loudspeaker when used as a recording de
vice?

2b  What is the dynamic range between the playback signal and the
recorded signal?

2c  What electronic devices are needed for recording during playback?

RQ 3  How can signal processing be utilised to increase the quality of the record
ing?

3a  What is a suitable signal model for this application?
3b  What algorithms can be used to improve the quality?

2.4. Organisation of this thesis
A look at the similarities and differences of the different devices will provide some understanding of the
possibilities and pitfalls of using a loudspeaker as a recording device. A primer on loudspeaker and
microphone technology is provided in Chapter 3. For those who are experienced in these fields it is
recommended to skip this chapter.

Chapter 4 provides an identification of components that make up a PA system to answer 4, and
concludes by reducing the system to the most relevant components.

The second research question, which deals with the possibility of recording with a loudspeaker, is
discussed indepth in two parts. RQ 2a and RQ 2b are discussed in Chapter 5, which details mea
surements performed in an anechoic room to identify loudspeaker recording characteristics. RQ 2c is
discussed in Chapter 7. This chapter provides a discussion of an equivalent electronic model of a loud
speaker, which will provide some information for the signal model. After this, a conceptlevel design
for the electronics system is presented to provide simultaneous recording and playback capabilities.
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To answer RQ 3a, a signal model framework for the system is presented in Chapter 6. This frame
work covers the system for playback and recording, as well as a digital filter. The filter is described by
means of the different desired outputs derived from the use cases described in Section 2.1. Chapter
8 discusses a simulation, performed to answer RQ 3b. A simulation is made using the signal model
framework, and a simple DSP filter is implemented to prove the feasibility of using DSP to improve the
signal quality. This simulation also verifies the feasibility of the entire system, by showing the results
that can be retrieved from a system that records audio while playing.

Lastly, Chapter 9 will conclude the thesis with a summary of the presented work, along with a
reflection on the work and recommendations for future work to be performed in this area.



3
Loudspeakers and microphones: a

technological comparison

As not everyone is familiar with the technologies used in loudspeakers and microphones, a more in
depth evaluation of the technologies in both devices is warranted. This chapter will provide this evalu
ation, as well as looking at the important similarities and differences between the devices. The focus
of this chapter will be solely on movingcoil electrodynamic loudspeakers and dynamic microphones.
From this point on, the full nomenclature will be omitted for brevity. Unless noted otherwise, all mentions
of loudspeakers will refer to movingcoil electrodynamic loudspeakers, and all mentions of microphones
will refer to dynamic microphones.

3.1. Loudspeaker technology
In its simplest form, loudspeakers consist of a cone connected to an electric motor. This motor consists
of a coil inside a small air gap of a magnetic pole, called the voice coil. This coil drives the cone to
produce the air pressure difference for the sound. The motor and cone are suspended by the spider
suspension, which provides most of the stiffness, and the surround, which keeps the cone centred
and provides some extra stiffness. Finally, a dust cap shields the motor from dust and debris, and the
chassis holds everything together [1]. A schematic crosssection of a loudspeaker is shown in Figure
3.4a. All of these separate components influence the performance of the loudspeaker in some way.
These components can be grouped together in some important characteristics.

The moving mass is the total mass of the moving parts. Coil wire diameter and length, cone size,
and cone material are the most important parameters that influence this mass. The moving mass influ
ences the output sensitivity, as the motor needs to work more to get to the correct excursion (excursion
is the movement distance back and forth about the resting position). A way to increase the sensitivity
again is by increasing the 𝐵𝑙 product, which is the integral of the magnetic field strength over the coil
length (usually given in Newton per Ampere as it relates to the force generated by a current). This can
be done by for example using a stronger magnet or using a smaller wire diameter, which increases the
coil length inside the magnetic field. This in turn, increases the moving mass, so the design of this is
always a tradeoff. The size and material of the cone depends on the use of the loudspeaker. Gen
erally, a larger cone means a lower frequency response of the loudspeaker. The material is usually
chosen to have a certain stiffness. As the vibration in the cone is generated from the voice coil, at
higher frequencies the propagation of these waves starts to show in the cone itself, and it will deform.
This will result in a poor transfer characteristic and is why the stiffness is important. This deformation
is called cone breakup, and is sometimes designed to be a specific way or at a specific point.

7
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Figure 3.1: A loudspeaker impedance curve. The fundamental resonance of the system can clearly be seen.

Compliance is the reciprocal (inverse) of the stiffness of the suspension. The suspension consists
of the spider, close to the voice coil, and the surround, at the edge of the cone. This suspension
ensures the voice coil and cone stay centred and return to their neutral position. The spider provides
most of the stiffness in this suspension. While the surround provides some additional stiffness, it is
mostly responsible for keeping the outside of the cone in the centre. The compliance in the suspension
and the moving mass of the system determine the frequency of the ’fundamental resonance’ of the
loudspeaker. Below this frequency, the system is stiffness controlled, which means most of the energy
is needed to deflect the suspension, and relatively little energy is needed to move the moving mass.
Above the resonance, the inertia of the mass becomes greater than the stiffness of the suspension and
the system becomes mass controlled.

Loudspeakers are usually driven from a voltage amplifier, but the force in the motor is induced by the
current (through the 𝐵𝑙 product). The impedance of the loudspeaker determines the currenttovoltage
ratio of the output power of the amplifier. This impedance is related to the mechanism of the speaker
as well. Generally the fundamental resonance determines the lower limit of the usable frequency range
of the loudspeaker. At the fundamental resonance of the loudspeaker, a small current can produce a
relatively large movement. The high impedance at this frequency means the (voltage) amplifier can
use its power to produce a high voltage with a relatively low current, and this is very efficient. On
top of this, the phase difference between the voltage and current driving the loudspeaker is also 0∘ at
the fundamental resonance. At higher frequencies the inductance of the voice coil starts to affect the
impedance and it rises again. An example of an impedance curve for a loudspeaker is shown in Figure
3.1.

3.2. Microphone technology
A dynamic microphone generates its output from the movement of a voice coil inside of a magnetic field,
usually produced by a permanent magnet [4]. The movement comes from the diaphragm connected to
the coil, which is suspended above the construction and reacts to the incident air pressure. A schematic
crosssection of a microphone is shown in Figure 3.4b.
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Figure 3.2: A microphone response with an undamped diaphragm (curve 1). Curves 2 to 5 show the curve with an increasing
amount of damping.
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Figure 3.3: An illustration of the net microphone response after compensation.

As with loudspeaker, a microphone system has a resonance determined by the mechanical parts
of the system. In the case of a microphone, however, this resonance is placed in the geometric mean
of the intended frequency range. This resonant peak is then damped to achieve a reasonable flat
response over the intended frequency range. This is shown in Figure 3.2. This damping is done by
adding a resistive element in the air chamber behind the coil. This means the microphone is resistance
controlled over its useful frequency range.

The microphone response drops off quite a lot at the lower and higher frequency range. Compen
sation is usually employed to boost the response in these frequency ranges. A tube (or hole) in the
back air chamber that exits to the outside air allows for low frequency compensation. The dimensions
of this tube are chosen such that the air mass inside it resonates with the compliance provided by the
back air chamber. This resonance is usually in the range of 40100 Hz. The high frequency falloff is
compensated by creating a small air chamber just inside the diaphragm itself. This chamber resonates
as well, usually in the 812 kHz range. Figure 3.3 shows how a net microphone response looks after
compensation.

To adjust the signal and device characteristics, dynamic microphones often also contain a trans
former inside them. Depending on the sensitivity, the transformer either boosts of lowers the voltage
to a suitable range for recording device inputs. Also the transformer isolates the voice coil from DC
signals and provides an output impedance in a suitable range for recording.
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3.3. Similarities & differences
From Figure 3.4 it is evident that loudspeaker andmicrophone technology are very similar. Both devices
have the same basic configuration, where a coil inside a magnetic field is attached to a diaphragm/cone
suspended above it. Also the principles of the loudspeaker motor and the microphone generator are
two sides of the same device. In addition to this, both devices utilise a permanent magnet to produce
the magnetic field around the coil.

Coil Centre pole

Magnet

Annular pole

Chassis

Surround

Cone

Spider
Dust cap

(a) Schematic crosssection of the side view of a loudspeaker

Diaphragm

Voice

coil
Front air 

chamber

Resistive

element

NS S

Magnet

LF equalising

tube

Suspension

Back air 

chamber

(b) Schematic crosssection of the side view of a microphone

Figure 3.4: Schematic crosssections of a loudspeaker and a microphone. The similarities in the construction can be seen very
clearly.

As loudspeakers and microphones have different uses, they are optimised differently for the best
intended transfer. This means that while being similar in mechanics, they are not identical. Most notable
is probably the size. While microphones have a typical diaphragm radius of roughly 9 mm to 20 mm,
moving coil loudspeakers come in sizes varying from roughly 15 mm to 380 mm and even larger in
some specific cases.

This size difference leads to a difference in mass. The moving mass in a microphone is usually
less than 1 gram. The smallest loudspeakers also occupy this range of moving mass, but the larger
loudspeakers exceed this and often range from a few grams to over a hundred grams, depending
on size and material. This increase in moving mass is expected to impact the recording transfer of
a loudspeaker. With a larger moving mass, the loudspeaker will probably record signals with a lower
sensitivity than amicrophone. On top of this, the loudspeaker will bemore sensitive to lower frequencies
compared to higher frequencies, as the fundamental resonance is lower than in a microphone.

Another difference is the nature of the enclosure. Naturally, loudspeaker enclosures are generally
much larger than most microphones, but other differences are also present. Loudspeakers usually only
enclose the space between the spider and the back, to prevent dust coming in near the coil. Most of the
cone moves in free air, and thus the enclosure around the speaker also determines the final transfer. In
microphones, the entire system is closed off. Additional elements such as the resistive elements in the
back air chamber are implemented to get the desired response before it is enclosed. With the resistive
damping from microphones missing in loudspeakers, it is expected that the mechanical resonance of
the loudspeaker will produce a large peak in the recording transfer.

Loudspeakers also do not have a resonant air chamber in the diaphragm itself. This means that
compared to microphones, they are expected to perform poorly in the high frequency range. Low
frequency compensation is most probably irrelevant, as the mechanical resonance of a loudspeaker is
at a much lower frequency than the resonance of a microphone.

3.4. Summary
This chapter has provided a technological primer for this thesis. Loudspeaker technology and micro
phone technology have been introduced to the reader, and from a comparison of these technologies
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expectations have been set. These expectations are as follows:

• As the governing principle of loudspeakers and microphones are each others reciprocal, loud
speakers are expected to also work as microphones.

• The difference in size and mass is expected to produce a lower sensitivity in recording loudspeak
ers compared to microphones.

• The lack of resistive damping in loudspeakers is expected to produce a significant peak at the
fundamental resonant frequency in the recording response of a loudspeaker.

• The lower resonant frequency of loudspeakers, together with the lack of high frequency recording
compensation, is expected to make the loudspeaker more sensitive to lower frequencies.

With the information presented in this chapter, a primer on loudspeaker and microphone technologies is
provided to the reader. This primer includes a comparison of the technologies, from which expectations
about the research have are set. These will be used for evaluation of the measurements presented in
Chapter 5.





4
PA system component analysis

As the research objective explicitly demands similarity to a PA system, identifying the system compo
nents in the envisioned environment is essential. To this end, this chapter will provide an answer to the
first research question:

RQ 1  What components does a PA system consist of?

The answer to this question is best found by analysing a representative, recent PA system such as
the Bosch Security Systems PRAESENSA system [10]. This is the most recent system from Bosch
Security Systems at the time of writing. Using this system as a reference, we can identify the current
generation of systems in use by the industry, which gives the most accurate view of the components
already in place. The key principles are common for the most ordinary PA systems, with the exception
of some of its modern features such as DSP capabilities in all callstations and amplifiers and an added
security layer in the communication protocol.

4.1. Full system architecture
The PRAESENSA system is based on digital communication using the Internet Protocol (IP) [11]. Digital
communication handles most of the network, up to the amplifiers for the loudspeakers. A schematic
representation of a PA system is given in Figure 4.1. The components of the full system are:

• System Controller: The system controller manages all system related functions in the system.
It routes all the audio from the sources to their destinations on the network. System safety super
vision as well as storage and playback of predetermined messages and tones are done by this
device. It collects and logs all status information from the connected devices, and reports if there
is a fault.

• Multichannel amplifiers: The amplifier receives the digital signal from the system controller,
and plays this over lines with multiple speakers connected to them. Multiple output channels
allow for driving different zones from a single amplifier, and a spare amplifier channel takes over
if one of the other channels fails. Digital signal processing capabilities are integrated per channel,
as well as device and line supervision and monitoring.

• Loudspeakers: The loudspeakers generate the sound from the signal on the amplifier output.
Depending on the system, a range of different loudspeakers can be chosen. Most popular are
the ceilingmounted and cabinet loudspeakers [12, 13].

13
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System Controller

Multi-channel
amplifier

Multi-channel
amplifier
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Figure 4.1: A schematic example of a public address system, based on the components of the Bosch Security Systems PRAE
SENSA system. The system controller handles the communication between the separate components. The amplifiers have
multiple output channels to drive different zones in a building, and multiple loudspeakers are usually connected to each of those
channels. The endofline (EOL) devices reflect a safety signal back to the amplifier to signal the line is still intact.

• Power Supply: The power supply is an external unit that powers multiple devices in the PA
system. It takes the AC supply voltage from the outlet and converts it into the DC voltage required
for each of the PA system components. Depending on the system configuration the unit can power
multiple components from a single unit (centralised), or bemounted with the separate components
(decentralised) to reduce cabling cost. A backup battery is integrated, to ensure the system stays
operational during power outages.

• Call Stations: These are the stations used for live communication over the system. They allow
the user to select the destination, and either talk into a microphone or send a signal from an
external audio input. These devices serve as audio inputs for the system controller, while also
providing system feedback to the user. A basic call station consists of at least a microphone, a
monitoring speaker and an audio input with device monitoring, but the PRAESENSA call stations
also include a touch screen for visual feedback to the user.

• Endofline (EOL) devices: These are small devices connected to the end of the loudspeaker
line, to increase the reliability of the loudspeaker line integrity supervision. This device communi
cates with the amplifier using a high frequency pilot tone. If the amplifier channel does not receive
the signal from the EOL device, this means the line is broken or a loudspeaker is disconnected
along the line.
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Figure 4.2: The PA system diagram, with the key relevant components for this thesis highlighted in green.

4.2. Simplifying the system
For this research the key components to consider are the amplifiers and the loudspeakers. With the
DSP capabilities present in the amplifier, integration of signal processing algorithms is possible without
the need of the system controller. The monitoring capabilities together with the EOL devices offer some
insight as well, as they show us the amplifier has twoway communication over the loudspeaker line.
The other elements such as the call stations, system controller and the power supply do not have an
impact on this research, as there are no variables that can typically be controlled that will impact the
results of this study. Therefore these components are left out.

PA systems typically have a large number of loudspeakers connected to a single output channel,
which complicates the task of measuring the signal from a single loudspeaker independently. Therefore
to isolate this problem, a single loudspeaker system is chosen for analysis of the research questions.

With the system analysis presented in this chapter, research question RQ 1 is answered. The
Bosch Security Systems PRAESENSA system is chosen for evaluation, and the system architecture
is described. As most of this system uses IP communication, the system can be simplified to the key
components. A system of one amplifier and one loudspeaker will provide the analogue signal path, as
well as DSP capabilities. The key system components that need to be evaluated are shown in Figure
4.2.





5
Loudspeaker measurements and

parameter identification

This chapter describes the characterisation off several loudspeakers. The goal of this characterisation
is to answer two parts of research question 2:

RQ 2a  What is the response of a loudspeaker when used as a recording device?
RQ 2b  What is the dynamic range between the playback signal and the recorded

signal?

The answers to these research questions will provide essential information on the recording process.
The dynamic range is pivotal in achieving a successful recording, as this will determine if the recorded
signal is pickedup by an analoguetodigital converter or if it is completely masked by the playback
signal. The answer to RQ 2b is used in Chapter 7 to evaluate the necessary electronic components in
the system. The answer to RQ 2a is combined with the signal model from Chapter 6 in the simulation
in Chapter 8, and it can be used to equalise the recorded signal in the DSP.

5.1. Loudspeaker measurements
To assess the performance of a loudspeaker as a recording device, it is essential to describe the
measured signal in a consistent framework such that these can be compared. This section will discuss
a number of quantitative characteristics that are used and their respective methodologies for acquiring
the data.

5.1.1. Required characteristics

First the required characterisations will need to be determined. Three of the most relevant characteri
sations are [4]:

1. Frequency response along the principal axis Measuring the frequency response allows one
to compensate for this frequency response to obtain a recording with a relatively flat response.

2. Directional response As not all signals are on axis with the device, it is useful to know how the
recording response changes for different incident angles.

17



18 5. Loudspeaker measurements and parameter identification

3. Output sensitivity The output sensitivity is a unit of the electrical signal amplitude of a micro
phone for a certain sound pressure level (SPL), given in mV/Pa. This will allow for a quantitative
analysis of the system as this can be used to calculate the signal level of the recording.

5.1.2. Measurement methodology

Environment

The measurements described in this section were done in a full anechoic room at the acoustic lab of
Bosch Security Systems B.V. located in Eindhoven. Removing the room reflections allows for a more
precise measurement of the device under test (DUT). Temperature and air pressure also affect the
measurements [1], so there needs to be a compensation for these effects. This can be done with a
reference microphone and will be discussed further on in this section.

Device under test (DUT)

In all cases discussed here the DUT is a loudspeaker from the Bosch LC1 ceiling loudspeaker range
[12]. This range of loudspeakers is representative of the average ceiling loudspeaker in a lot of PA
applications, and the 6Wmodels from this range are among the most popular of the whole loudspeaker
portfolio. The range includes five different types of speakers: WM06E8, WC06E8, UM06E8, UM12E8

Figure 5.1: Image of an LC1WM06E8 loudspeaker range [12]

and UM24E8. The numbers in the names indicate the rated power of the loudspeakers (6W/12W/24W).
Of the WM06E8 and UM06E8 two samples were available, and one sample each was available of the
other types. As one can connect the speakers to different taps in the transformer for different output
powers, it was decided to perform two more measurements on the first WM06E8 sample on the taps
for 3W and 1.5W. All the other measurements were performed using the 6W taps on the transformer.
In total nine measurements were made:

1. WM06E8 #1 at 6W

2. WM06E8 #1 at 3W

3. WM06E8 #1 at 1.5W

4. WM06E8 #2 at 6W

5. WC06E8 at 6W

6. UM06E8 #1 at 6W

7. UM06E8 #2 at 6W

8. UM12E8 at 6W

9. UM24E8 at 6W
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Figure 5.2: A closeup of the setup used for measuring the recording response of loudspeakers. The height of the loudspeaker
did not match that of the microphone and the device under test (DUT). Also the microphone position is not ideal, as it should be
right next to the DUT. These nonidealities should be compensated for in the measurements.

Tools and setup

Suspended in the anechoic chamber are a loudspeaker and a reference microphone. The loudspeaker
is placed in a spherical enclosure, as to reduce the diffractions that can happen at the edges of the baffle
[14]. The reference microphone is suspended in front of the loudspeaker. Behind the microphone, the
DUT is held up by a stand. The DUT is placed inside a wooden plate of 60 cm x 60 cm, the size of a
standard ceiling tile. The DUT is placed in a LC1MFD fire dome. This is how the DUT would normally
be placed inside a building, with a fire dome or acoustic cap closing off the back and inside of a ceiling
tile. A picture of the setup is shown in Figure 5.2.

It is beneficial to have the reference microphone as close as possible to the DUT to ensure proper
calibration. Because of the size of the DUT and the mounting panel, the reference microphone could
not be placed near the membrane, but instead had to be placed in front (15 cm). This will mean the
level calibration will be off. This needs to be compensated for in the results.

Due to the construction in the room, the DUT and the reference microphone could not be placed
perfectly horizontal with the loudspeaker. This means the signal received at the microphone and loud
speaker is not the perfect onaxis signal of the loudspeaker, and this could have some impact on the
calibration and measurements. The stand on which the DUT is mounted can be turned to specific an
gles via a motor controller outside the chamber, which allows for measurements in quick succession.
As the turning angle was horizontal, the height difference is not altered by turning the DUT.
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Calibration & compensation

To compensate for the temperature and air pressure in the room, the measurement needs to be cal
ibrated. The reference microphone and loudspeaker have a known transfer, which is already com
pensated for by the software. Using a software tool, repeated measurements were taken with the
reference microphone while playing white noise over the loudspeaker. Between these measurements,
the equaliser on the output channel was adjusted repeatedly to get the frequency response of the mea
surement as flat as possible. In the range of 100 Hz to 20 kHz the frequency spectrum after calibration
was flat to within 0.01 dB. With this, the inaccuracy due to the room conditions has been reduced to a
negligible amount. Ideally this calibration would be done for each new measurement, or at least every
time the DUT is changed, but because of time constraints it was only done once at the beginning of the
session.

As described in the ‘Tools and setup’ section, some height and distance effects need to be com
pensated for in the end results. The sensitivity measurements are performed at 94 db SPL, measured
at the calibration microphone (SPL𝑚). To determine the SPL at the DUT (SPL𝑙), the distance between
the DUT and the microphone needs to be known. The horizontal distance between these devices is 15
cm. Also, the centre of the DUT has a vertical distance of 6cm to the centre of the loudspeaker, and
a horizontal distance of 50 cm. Using simple geometry, the total distances are calculated to be 50.36
cm from loudspeaker to DUT (𝑑𝑙), and 35.11 cm from loudspeaker to reference microphone (𝑑𝑚). The
resulting SPL at the loudspeaker can then be calculated as:

SPL𝑙 = SPL𝑚 − 20𝑙𝑜𝑔10(
𝑑𝑙
𝑑𝑚
) = 94 − 20𝑙𝑜𝑔10(

50.36
35.11) = 90.87𝑑𝐵 (5.1)

So the sensitivity measurement is done at 3.13 dB lower then usual. For the frequency responses,
which are normalised using the sensitivity, this does not influence the shape of the response because
it is simply a bias over the entire range. Only when relating the output of the DUT to the incoming
SPL this bias has to be accounted for. As the sensitivity is given in mV/Pa (94 dB SPL = 1 Pa), the
sensitivity needs to be scaled by a factor 𝑞:

𝑞 = 1

(𝑃0)10
SPL𝑙
20

= 1
(20 ∗ 10−6)10

90.87
20

= 1
0.70 = 1.43 (5.2)

Where the reference pressure 𝑃0 = 20𝜇𝑃𝑎 for air is used [1].

Measurements

Each measurement consists of two parts: a frequency sweep measurement and a 1kHz sine measure
ment. The measurement at 1 kHz is used for determining the output sensitivity of the DUT, as well
as normalising the frequency measurement. After this, the stand holding the DUT is turned 15°. The
measurement is repeated in these increments until the DUT is at a 75° angle. Ideally the measurement
would go up to 90°, but due to the construction this is not possible. As the DUT is assumed to be radi
ally symmetric along the primary axis, only one quadrant was measured. Figure 5.3 shows the setup
in the different measurement angles.
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(a) The DUT at 0° (b) The DUT at 15°

(c) The DUT at 30° (d) The DUT at 45°

(e) The DUT at 60° (f) The DUT at 75°

Figure 5.3: The angles at which the DUT was measured. As the device is assumed to be radially symmetric along the primary
axis, only one quadrant was measured. Because of the mounting plate and the microphone suspension, a 90°angle could not
be measured.
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5.2. Results & analysis
The resulting frequency and sensitivity plots are shown in Figure 5.4, Figure 5.6 and Figure 5.7. For
brevity the results are only shown for a single device type. The remaining measurement results are
shown in Appendix B.

5.2.1. Frequency response

In Figure 5.4, as well as in Appendix B.1, the measured recording responses of the DUTs are shown,
together with their playback response as specified by the manufacturer. Comparing these responses,
two main trends can be seen across the whole speaker range:

• Between roughly 150Hz and 750Hz a significant increase in the response is seen. This is most
probably the result of the DUTs resonant frequency. As shown in Chapter 3, the resonance of
microphones is usually significantly damped. The large peak in the response is expected as de
scribed in Section 3.4. Using the fire dome to mount the DUT means it has a small enclosure,
which causes the resonant frequency of the system to be higher than the free air resonant fre
quency of the driver [1]. The peak value of 20𝑑𝐵 is significant, and compensation can be useful
to ensure signals in this frequency range do not mask other signals in the higher frequency range.

• From 5kHz upwards, the recording response starts to drop off significantly. This is most likely
due to the mass of the diaphragm being larger than it is in a microphone. In the high frequency
range the recording response is determined mostly by the mass of the diaphragm [15], and no
highfrequency compensation is present. In all recording responses a slight bump of a few dB
can be seen around 5kHz before the response drops off. This could be due to a resonances in
the cone itself, similar to the airchamber in microphone diaphragms. As discussed in Section
3.4 the lack of high frequency response was expected.
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Figure 5.4: The onaxis measured recording response of the WM06E8 loudspeaker, compared with the playback response. The
blue solid and dashdotted curves represent the recording response of two different loudspeakers. The red dashed curve is the
playback response, as given by the datasheet.
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5.2.2. Directional response

The directional response is shown in Figure 5.6 and Figure 5.7. Figure 5.6 shows the full frequency
responses for 4 different angles, while Figure 5.7 shows only the sensitivity at 1kHz in a polar plot.
From these figures, two significant observations can be made. The responses are similar to a large
extent, apart from a shift in level. Potential compensation for the loudspeaker recording response will
then perform roughly the same for all incident angles. Another interesting observation is the sensitivity
at a 45∘ angle roughly doubles compared to the 0∘ degree sensitivity. As this is not on axis with the coil
movement, an increase of the sensitivity compared to a 0∘ degree angle seems unlikely. In an attempt
to identify where this increase comes from, the grills from two loudspeakers (WM06E8 and UM06E8)
was removed to look at the drivers. These are shown in Figure 5.5a and Figure 5.5b. On both of
these drivers a whizzer cone is attached [16]. These are small, stiff attachments to a cone to improve
high frequency performance of loudspeakers. These attachments are mounted directly to the coilcone
interface. As the angle on these whizzer cones is 45 degrees, these could be a possible cause for the
increase in sensitivity, although this was not tested.

(a) An LC1UM06E8 loudspeaker with the grill removed. (b) An LC1WM06E8 loudspeaker with the grill removed.

Figure 5.5: Two loudspeakers from the LC1 range with their grill removed. In the centre of the cone a small whizzer cone is
visible.
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Figure 5.6: The measured frequency response of the first WM06E8 loudspeaker as a microphone over 4 different angles
(0∘,15∘,45∘,75∘).
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Figure 5.7: Polar sensitivity plot of 3 loudspeakers as microphones (2x WM06E8 and 1x WC06E8) as seen at the transformer
connection. Interesting to note here is the increased sensitivity at 45°. The plot was generated using data from one quadrant,
mirrored on the 0° axis. The values have been compensated with the factor 𝑞 calculated in Equation (5.2)

5.2.3. Output sensitivity and dynamic range

The onaxis recording output sensitivity for all the measured loudspeakers is given in Table 5.1. This
output sensitivity was measured at the transformer terminals. To compare the recording signal with
the playback signal, both signals are referenced to the speaker terminals after the transformer. The
referenced output sensitivity is also given in Table 5.1. The last column in Table 5.1 is the calculated
dynamic range. As the playback signal also occupies the line, the recorded signal could be masked
by the playback signal, as it is much louder. The playback signal on the line is at 100𝑉RMS. This is
referenced by the same factor of the transformer, based on the selected power tap on the transformer
[17]. To determine the dynamic range between these signals, a noise floor needs to be determined.
This noise floor is the level at which the intrinsic system noise is masking the actual signal. Anything
signal below this level is considered lost. For this application, the noise floor was chosen at 50𝑑𝐵, the
level of a conversation at two to three meters. This level was chosen as it is sufficiently loud above
room noise, such as air conditioners. The recorded signal strength was calculated using the difference
in level between the noise floor and the sensitivity measurement. This is then compared to the signal
strength of the playback signal, and the dynamic range is calculated from this ratio.

DUT (transformer tap)
Sensitivity
(in mV/Pa)

Referenced sensitivity
(in mV/Pa)

Dynamic range
(in dB)

WM06E8 #1 (6W) 23.3 1.24 116.7
WM06E8 #1 (3W) 33.3 1.24 113.5
WM06E8 #1 (1.5W) 47.5 1.24 110.5
WM06E8 #2 (6W) 21.8 1.15 117.2
WC06E8 (6W) 25.6 1.36 115.8
UM06E8 #1 (6W) 17.5 0.93 119.1
UM06E8 #2 (6W) 17.6 0.93 119.1
UM12E8 (6W) 21.9 1.16 117.2
UM24E8 (6W) 21.5 1.14 117.4

Table 5.1: The measurement results for the onaxis sensitivity of the different loudspeakers. The ”Referenced sensitivity” column
is the sensitivity referenced to the loudspeaker terminals instead of the transformer taps. The ”Dynamic range” column is the
calculated dynamic range between the recording noise floor and the playback signal. The worst case is using the UM06E8
loudspeakers, where the recording noise floor is 119.1 dB lower than the playback signal on the terminals.
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5.3. Summary
This chapter has described the conducted measurements for the identification of the recording loud
speaker characteristics. The LC1 ceiling loudspeaker product range from Bosch Security Systems B.V.
was measured in an anechoic room. With the presented results, the research questions RQ 2a and
RQ 2b have been answered:

• The recording frequency response was shown to have a similar shape across the entire product
line. Between 150Hz and 750Hz a large increase in sensitivity is present, caused by the resonant
frequency of the loudspeaker. A high frequency rolloff is present from 5kHz and up, due to a lack
of high frequency compensation.

• The onaxis output sensitivity of the speakers ranges from 0.931.36 mV/Pa. At a noise floor
of 50dB for recording, this results in a dynamic range of 110.5119.1 dB for the recorded signal.
This means the softest signal recorded from the room is at most 119.1dB softer than the playback
signal on the line. Compared to the onaxis recording response of the loudspeaker, a signal with
an incident angle of 45 degrees has shown to provide a significant increase in sensitivity (roughly
double the sensitivity).

This thesis continues with the signal model of the recording system, in which the characterisations
presented here are used.





6
Signal model of the recording system

This chapter will provide an answer to research question 3a:

RQ 3a  What is a suitable signal model for this application?

To this end, a more indepth analysis of the key system components identified in Chapter 4 is provided.
The answer toRQ3a can be used as a reference for the implementation of signal processing algorithms,
and is used as such in the simulation described in Chapter 8.

6.1. Analysing the system components
In this section, the signal model will be derived with help of a block diagram. To this end, all the individual
components of the amplifierloudspeaker subsystem were identified. The block diagram derived from
this is given in Figure 6.1. The blocks inside the dashed rectangle represent everything that are not
part of the digital signal processing (DSP). Outside of the dashed rectangle, the blocks represent data
or processing in the digital domain. Note that the noise introduced in the different blocks is not shown
in this block diagram for readability. Four other simplifications can be seen in the block diagram: the
digitaltoanalogue converter (DAC) and amplifier are simplified to one block. This simplification is
reasonable, as digitalinput class D amplifiers are used in the PRAESENSA system. These amplifiers
generate a fixedlevel pulse train where the width of these pulses is modulated. After filtering out the
highfrequency content introduced by the switching, the audio signal information contained in the pulses
is left. The switching nature of these amplifiers allows for a digital input, which essentially means the
DAC is integrated in the device. The line is also assumed ideal, so it is combined with the amplifier
transfer function. As stated in Section 4.2 the system considered consists of one amplifier channel
and one loudspeaker. In these cases, the effect of the line is significantly smaller than in the multiple
speaker case. This is why the line is is considered to be ideal here. The third simplification is the
combination of the line and the analoguetodigital converter (ADC) at the recording interface. Again,
because the line is assumed to be ideal, it can be easily combined with the transfer of the ADC. In the
ADC transfer, any analogue circuitry used to condition the signal for the ADC input can be included as
well. Lastly, an assumption is made that the movement of the loudspeaker from signal playback will not
interfere with the recording process. This assumption is discussed in Chapter 7, where the electronic
model of a loudspeaker is presented.

As the signals described here occupy both the digital and analogue domain, the indexing of signals
and transfers switches from frequency 𝜔 to a frequency bin index 𝑘. Taking 𝑁 equally spaced samples
on the frequency range [0, 𝐹𝑠), with 𝐹𝑠 the sampling frequency, we can describe the frequency bin 𝜔𝑘

27
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Original signal
s(n) DAC + Amplifier + Line Loudspeaker Room

LoudspeakerLine + ADC

Digital Signal
Processing Output ŷ(n)

s'(t)
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s''(t)

x(t)

s'''(t) + x'(t)u(t)

s'(n) + u(n)

Figure 6.1: Block diagram of the system in which a loudspeaker plays and records sound simultaneously. The different versions
of the signals 𝑠(𝑛) and 𝑥(𝑡) are indicated with accents, denoting alterations to the signal from the different system components.
The output �̂�(𝑛) is an estimate of the desired output 𝑦(𝑛), described in Section 6.2. The noise introduced by the different system
components is not included in this diagram.

as
𝜔𝑘 =

𝐹𝑠
𝑁𝑘, 𝑘 = 0, ..., 𝑁 − 1. (6.1)

To distinguish the different domains, the notation is slightly abused here and the bin index 𝑘 is used for
digital signals instead of 𝜔𝑘.

6.1.1. DAC and amplifier

In current audio systems, class D audio amplifiers are often used. This is also the case for the PRAE
SENSA system described in Chapter 4. These amplifiers are based on generating a pulsewidth mod
ulated signal, which is then filtered to remove the switching artefacts from the signal. This leaves
a continuous time signal that can be sent to the loudspeakers. The digital nature of these amplifiers
means they can be driven from a digital signal, so they act as both an amplifier and a DAC. The amplifier
can be modelled as a transfer function which has a digital input and an analogue output

𝑆′(𝜔) = 𝐻𝑎(𝜔)𝑆[𝑘], (6.2)

As the amplifier functions as a DAC as well, the transfer function will contain some form of DAC transfer
as well as an amplifier transfer. Taking the ideal DAC transfer 𝐷(𝜔) [18], and the amplifier with the
asymptotic gain model described in [19], the transfer will be

𝐻𝑎(𝜔) = 𝐷(𝜔)𝐴𝑓(𝜔), (6.3)

where 𝐴𝑓(𝜔) is the asymptotic gain model

𝐴𝑓(𝜔) = 𝐴𝑖(𝜔)
−𝐿(𝜔)
1 − 𝐿(𝜔) , (6.4)

consisting of the asymptotic gain 𝐴𝑖(𝜔) and the loopgain 𝐿(𝜔) [19]. The DAC transfer 𝐷(𝜔) is

𝐷(𝜔) = {
𝑇, if |𝜔| ≤ 𝜋

𝑇 = 𝜋𝐹𝑠
0, if |𝜔| ≥ 𝜋

𝑇 ,
(6.5)
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With 𝑇 = 1/𝐹𝑠 the sampling interval and 𝐹𝑠 the sampling frequency. Equation (6.4) and (6.5) serve as
an indication of the system. If one were to further specify this component transfer, one could take a
different DAC model that includes nonideal components such as clock jitter and skew. Equation (6.4)
is a model used in structured electronic design of amplifiers, where it is used to design the (frequency
dependent) gain of an amplifier. Further nonlinear characteristics can also be included for a more
accurate model. As an addition to Equation (6.2), uncorrelated additive noise is assumed:

𝑆′(𝜔) = 𝐻𝑎(𝜔)𝑆[𝑘] + 𝑁𝑎(𝜔). (6.6)

The amplifier model described serves an illustrative purpose, and is not elaborated further in this
report. If one were to choose a different or more specific model, substitute the chosen transfer function
and noise characteristics in Equation (6.6).

6.1.2. Loudspeaker, room transfer and other present signals

x(t)

s’’(t)

s’’’(t)

x’(t)x’(t)

s’(t)

u(t)

(a) Loudspeaker and microphone are separate devices

s’(t)

x(t)

s’’(t)

s’’’(t)

x’(t)
u(t)

(b) Case from this thesis, where the loudspeaker and the microphone are
one device

Figure 6.2: Schematic drawings of the use case: a loudspeaker plays a signal and a microphone records what happens in the
room. In these figures, only one path per source is drawn for clarity, but the ATF in the models is assumed to contain all paths.
The dashed arrow indicates the signal from the point source is uncorrelated to the signal from the loudspeaker. The playback
signal is represented by different alterations of 𝑠(𝑡). 𝑠′(𝑡) represents the amplifier output, 𝑠″(𝑡) the loudspeaker output, and
𝑠‴(𝑡) represents the signal as it arrives at the recording device. 𝑥(𝑡) and 𝑥′(𝑡) represent the signal from the point source and
how it arrives at the recording device. Finally, 𝑢(𝑡) represents the signal output from the recording device.

For the loudspeaker, the room, and the other present signals, a joint analysis before going into detail
about the individual components is beneficial. As the goal is to play a signal and record a signal at the
same time, we can start with the case where there is a loudspeaker and a microphone together in a
room, and then adapt this to the case from this thesis, where the loudspeaker also functions as the
microphone.

General case

For the loudspeaker, the room, and the other present signals, it would make sense to look at them
together before going into detail about the individual blocks. As the goal is to play a signal and record
a signal at the same time, we can start with the case where there is a loudspeaker and a microphone
together in a room. This is shown in Figure 6.2a. As the loudspeaker has a specific transfer, the signal
𝑆″(𝜔) it outputs can be modelled as a filtered form of the amplifier out 𝑆′(𝜔) , with an additive noise
source 𝑁𝑙(𝜔):

𝑆″(𝜔) = 𝐻𝑙(𝜔)𝑆′(𝜔) + 𝑁𝑙(𝜔). (6.7)

As the microphone picks up the signal in the room, we model the signal in the room with an acoustic
transfer function (ATF) [20]. This ATF describes all paths from the loudspeaker to the microphone in
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the room, including reflections. The signal 𝑆‴(𝜔) as it arrives at the microphone is

𝑆‴(𝜔) = 𝐻𝑟(Xl,Xm, 𝜔)𝑆″(𝜔), (6.8)

where 𝐻𝑟(Xl,Xm, 𝜔) is the acoustic transfer function, and Xl = [𝑥𝑙 , 𝑦𝑙 , 𝑧𝑙] and Xm = [𝑥𝑚 , 𝑦𝑚 , 𝑧𝑚] are
the position vectors of the loudspeaker and microphone, respectively. Another signal in the room is
modelled as a point source generating a signal 𝑥(𝑡). The path from this point source to the micro
phone, including reflections, is modelled with a different ATF. The point source signal as it arrives at
the microphone is

𝑋′(𝜔) = 𝐻𝑟(Xx,Xm, 𝜔)𝑋(𝜔), (6.9)
Where Xx = [𝑥𝑥 , 𝑦𝑥 , 𝑧𝑥] is the position vector of the point source. The angles at which 𝑠‴(𝑡) and 𝑥(𝑡)
hit the microphone are dependent on the paths in the room. Assuming the direct path is dominant, the
directional microphone response needs to be taken into account. To this end, the microphone response
is modelled as dependent on the incident angle 𝜃 of the respective signals, and is given as 𝐻𝑚(𝜔, 𝜃).
Potential noise in the room is modelled as an additive noise source 𝑁𝑟(𝜔). The microphone will also
add noise 𝑁𝑚(𝜔), and this too is assumed additive. The microphone output 𝑈(𝜔) can then be written
as

𝑈(𝜔) = 𝐻𝑚(𝜔, 𝜃𝑠)𝑆‴(𝜔) + 𝐻𝑚(𝜔, 𝜃𝑥)𝑋′(𝜔) + 𝐻𝑚(𝜔, 𝜃𝑛)𝑁𝑟(𝜔) + 𝑁𝑚(𝜔). (6.10)
Combining equations (6.7), (6.8), (6.9) and (6.10) and omitting the frequency index for brevity, the
microphone output is

𝑈 = 𝐻𝑚(𝜃𝑠)(𝐻𝑟(Xl,Xm)(𝐻𝑙𝑆′ + 𝑁𝑙)) + 𝐻𝑚(𝜃𝑥)(𝐻𝑟(Xx,Xm)𝑋) + 𝐻𝑚(𝜃𝑛)𝑁𝑟 + 𝑁𝑚 . (6.11)

Special case

Using only a loudspeaker for both playing and recording results in a special case of the signal model
described above. This case is shown in Figure 6.2b. The majority of the signal model is unchanged,
but there are two exceptions. As the line carrying the recorded signal is the same line that carries the
signal for playback, this playback signal is also present in the recorded signal. So we extend Equation
(6.11) to include this:

𝑈 = 𝐻0𝑆′ + 𝐻𝑚(𝜃𝑠)(𝐻′𝑟(Xl,Xl)(𝐻𝑙𝑆′ + 𝑁𝑙)) + 𝐻𝑚(𝜃𝑥)(𝐻𝑟(Xx,Xl)𝑋) + 𝐻𝑚(𝜃𝑛)𝑁𝑟 + 𝑁𝑚 , (6.12)

where 𝐻0 is the transfer from the line to the line. In this report, this is assumed to be the trivial transfer
𝐻0(𝜔) = 1. The rest of the signal model remains largely unchanged, as all changes are contained in the
transfer functions themselves. The transfer𝐻𝑟(Xl,Xm) from loudspeaker to microphone is replaced with
the transfer from loudspeaker to loudspeaker 𝐻′𝑟(Xl,Xl). This is a special case as the distance between
source and measurement is zero. This would make the acoustic transfer function go to infinity, as the
calculation includes a division by the distance [20]. To prevent this, a modified ATF is taken where the
direct path is not included. This modified ATF is

𝐻′𝑟(𝜔,Xl,Xl) =
∞

∑
𝑖=1

exp(𝑗𝜔𝑐 𝑢𝑖)
4𝜋𝑢𝑖

exp(−𝑗𝜔𝑡). (6.13)

The derivation of this modified ATF is given in Appendix A.

6.1.3. ADC

Converting the analogue signal into a digital one, the ADC is the last component in the signal chain
before the DSP. Using the signal model from [18], the ADC output is given by

𝑈𝑞[𝑘] = 𝑈[𝑘] + 𝑁𝑞[𝑘], (6.14)

Where 𝑈𝑞[𝑘] is the output, 𝑈[𝑘] is the input signal and 𝑁𝑞[𝑘] is the quantisation noise. This only holds
under three assumptions. Firstly, the assumption is that the quantisation noise 𝑁𝑞[𝑘] is random and
uncorrelated with the original signal 𝑈[𝑘]. No clipping of the ADC is to occur as well, to keep the error
bounded. Furthermore, the original signal 𝑈[𝑘] is assumed to be zero mean and stationary.
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6.1.4. Complete signal model after the ADC

Combining (6.6), (6.12) and (6.14), the signal model after the ADC is:

𝑈𝑞[𝑘] =
𝑆′[𝑘]

⏜⎴⎴⎴⎴⎴⏞⎴⎴⎴⎴⎴⏜𝐻𝑎[𝑘]𝑆[𝑘] + 𝑁𝑎[𝑘]

+ 𝐻𝑚(𝑘, 𝜃𝑠)
𝑆‴[𝑘]

⏜⎴⎴⎴⎴⎴⎴⎴⎴⎴⎴⎴⎴⎴⎴⎴⏞⎴⎴⎴⎴⎴⎴⎴⎴⎴⎴⎴⎴⎴⎴⎴⏜(𝐻′𝑟(𝑘,Xl,Xl)(𝐻𝑙[𝑘](𝐻𝑎[𝑘]𝑆[𝑘] + 𝑁𝑎[𝑘]) + 𝑁𝑙[𝑘]))

+ 𝐻𝑚(𝑘, 𝜃𝑥)
𝑋′[𝑘]

⏜⎴⎴⎴⎴⎴⏞⎴⎴⎴⎴⎴⏜(𝐻𝑟(𝑘,Xx,Xl)𝑋[𝑘])
+ 𝐻𝑚(𝑘, 𝜃𝑛)𝑁𝑟[𝑘] + 𝑁𝑚[𝑘] + 𝑁𝑞[𝑘].

(6.15)

6.2. Using a digital filter to remove unwanted components
A DSP algorithm can remove unwanted components from the incoming signal 𝑢(𝑡) to get an estimate
of the desired signal. What the desired signal is can differ per use case, and four different desired
outputs are discussed here. In all cases, the filter can be described with:

�̂�[𝑘] = 𝐻𝑓[𝑘]𝑈[𝑘], (6.16)

where 𝑈[𝑘] is the filter input as given in (6.15), 𝐻𝑓(𝜔) is the filter transfer function, and �̂�[𝑘] is the
estimate of the desired signal 𝑌[𝑘].

Case 1: Estimation of a point source in the room at the loudspeaker location

In this case, the goal is to identify the point source in the room as given in (6.9) and recorded by the
loudspeaker:

𝑌[𝑘] = 𝐻𝑚(𝑘, 𝜃𝑥)𝐻𝑟(𝑘,Xx,Xl)𝑋[𝑘]. (6.17)

This means any form of the played signal has to be removed. Additional noise cancellation might need
to be applied to obtain an accurate signal estimate for �̂�[𝑘]. If there is prior knowledge about the room
acoustics, this could be integrated in the filter to remove both a playback signal on the line as well as
the reflected playback signal.

Case 2: Estimation of the playback signal including room acoustics

Here, the goal of the intended output of the filter is to provide information on the playback of the signal.
Any signal already present in the room is not of interest and the signal to be estimated is:

𝑌[𝑘] = 𝐻𝑚(𝑘, 𝜃𝑠)𝐻′𝑟(𝑘,Xl,Xl)(𝐻𝑙[𝑘](𝐻𝑎[𝑘]𝑆[𝑘] + 𝑁𝑎[𝑘])). (6.18)

Case 3: Estimation of the ambient noise level in the room

In some cases the ambient noise level in the room needs to be estimated, e.g. to be able to adjust
incoming signals to be played. In this case the desired signal is

𝑌[𝑘] = 𝐻𝑚(𝑘, 𝜃𝑛)𝑁𝑟 (6.19)

The recording device noise and quantisation noise are expected to remain in the filter output �̂�(𝑘) as
an unfortunate byproduct of the choice of 𝑌[𝑘]. This estimation can be done without any signal playing
in the frequency band of interest. Prior knowledge of the room acoustics could also be used here.
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Case 4: Estimation of the complete recording at the loudspeaker position

In this case the full recording is of interest, and only the direct playback signal needs to be removed.
The desired signal looks like:

𝑌[𝑘] =𝐻𝑚(𝑘, 𝜃𝑠)𝐻′𝑟(𝑘,Xl,Xl)(𝐻𝑙[𝑘](𝐻𝑎[𝑘]𝑆[𝑘] + 𝑁𝑎[𝑘]) + 𝑁𝑙[𝑘])
+ 𝐻𝑚(𝑘, 𝜃𝑥)𝐻𝑟(𝑘,Xx,Xl)𝑋[𝑘]
+ 𝐻𝑚(𝑘, 𝜃𝑛)𝑁𝑟[𝑘]

(6.20)

Here again, the noise from the different system components is still present in the filter output �̂�[𝑘]. Note
that (6.17), (6.18) and (6.19) are all contained in (6.20). This means a filter that estimates 𝑌[𝑘] as given
in (6.20) is at the base of the other filters as well.

6.3. Summary
In this chapter a signal model framework for a playback and recording system using only one loud
speaker has been presented to answer research question RQ 3a. After this, different desired outputs
for a digital filter have been identified and described. The signal model is used in a simulation for a
proofofconcept, described in Chapter 8.
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Concept electronics system design

As the interface between the loudspeaker and the digital domain, the electronics used in the system are
an essential part of this thesis. To properly acquire the recorded signal, an evaluation of the necessary
electronics in the system is done. With this evaluation, this chapter provides an answer to research
question 2c:

RQ 2c  What electronic devices are needed for recording during playback?

The theoretical information presented in this chapter can be used for the design of a physical system
which can play and record audio using a single loudspeaker. A proper electronic model of a loudspeaker
will also provide information that can be used in the signal model.

7.1. Electronic model of a moving coil loudspeaker
In Chapter 6 the loudspeaker model is presented as a block with a transfer function, along with several
assumptions about the device. A more indepth look at how a loudspeaker is modelled can improve
the signal model by validating these assumptions.

7.1.1. Modelling the loudspeaker

As described in chapter 2 of [1], a loudspeaker motor can be modelled with an electronic equivalent
circuit as shown in 7.1. In this model, 𝑣 is the velocity of the cone, 𝑒𝑔 is the voltage generated by the
movement of the voice coil, and 𝑍OUT is the amplifier output impedance. As a conventional amplifier
acts as a voltage source, 𝑍OUT this impedance disappears.

7.1.2. Information contained in the model

The model shown in Figure 7.1 consists only of 𝑅, 𝐿, 𝐶 and 𝑀 components, and as such the circuit is
reciprocal [21]. This means the circuit is linear too, and the superposition principal holds for any sources
added to the system. If we add the recording capabilities as a voltage source in the system, and we
have the playback signal as a voltage source elsewhere, these sources can be evaluated independently
from each other. From this the conclusion is drawn that during playback, the recording capabilities of
the loudspeaker are not influenced by the signal from the amplifier and vice versa.

33
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Figure 7.1: The equivalent circuit of a movingcoil drive unit which models both the operation of the transducer and the actual
electrical load seen by the amplifier.

Determining the signal to be measured

Usually in audio applications, the signal voltage is the quantity that is being measured. However, as
stated in Chapter 3, the loudspeaker is driven by a voltage amplifier. Measuring the voltage across
the terminals of a loudspeaker then results in the situation shown in Figure 7.2a. It is evident that this
will not yield a useful measurement, as the voltage source also directly drives the measurement. This
means that the current needs to be measured, like shown in Figure 7.2b. This is an important design
constraint on the measurement system so it needs to be taken into account.

+

-

+

-

V

(a) A representation of a voltagemeasurement on a voltagedriven device.
This will result in only a measurement of the driving signal.

+

-

+

-

A

(b) A representation of a current measurement on a voltagedriven de
vice. Any currents coming from the block on the right can be measured,
together with the current induced by the driving voltage.

Figure 7.2: Schematic representation of a voltage measurement (a) and a current measurement (b) of a voltagedriven system.
Only a current measurement will provide additional information about possible sources in the block on the right.

7.2. Concept circuit design: using a transimpedance amplifier
To provide insight into the design of an electronic system that is capable of recording and playing au
dio, some conceptlevel circuit design are presented here. These designs have been made to show
the circuit topologies needed to achieve a successful recording without affecting the playback of a sig
nal. These designs can be used to evaluate the alterations that need to be made to existing amplifier
designs. Amplifier designs in PA systems are not publicly available, therefore no additional assess
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ment can be performed at this point. However, it is possible to discuss the design considerations and
topologies based on present knowledge from the Bosch PRAESENSA system.

As most ADCs measure a voltage across their inputs, the current needs to be converted into a
voltage before it can be properly read. The simplest way to achieve this is with a shunt resistor. This,
however, influences the circuit and will introduce some uncertainty in the measurement. Given the low
recording output sensitivity of the loudspeaker and the high dynamic range of the signal, this method
is not considered to be a suitable adaptation for the measurement.

Another way to get a voltage reading from a current is using a transimpedance amplifier. In this
configuration, a current is converted to a voltage, with the added possibility of gaining the signal in
the process. Such a configuration is shown in Figure 7.3. The impedance in the feedback path 𝑍𝑓
determines the gain of the amplifier, and this value can be chosen by the designer. To get a proper
measurement over the audible frequency range, the impedance in the feedback path must follow the
impedance of the loudspeaker over this range. As the loudspeaker impedance varies immensely over
this range, matching the feedback impedance to this is not a trivial task. The first consideration could
be to place another loudspeaker of the same model in the feedback path. In this way, the feedback
impedance follows the same curve as the loudspeaker. This option is very impractical, as it offers no
flexibility, and means adding a large component in the system.

DAC

ADC

Z
f

Figure 7.3: An electronic setup utilising a transimpedance amplifier to allow for simultaneous playback and recording. Setting
the feedback impedance 𝑍𝑓 is not a trivial task, however. The impedance curve of the loudspeaker will drastically influence the
current going into the transimpedance amplifier.

Using a secondary amplifier channel could be a feasible solution for a demonstration setup. This
design is shown in Figure 7.4. The concept in this design is using a digital feedback system. The
feedback impedance is set to get a static gain over the frequency range, and the frequencydependent
impedance of the loudspeaker is disregarded. A secondary output channel is then added together with
the input of the transimpedance amplifier. The function of this secondary channel is purely to compen
sate for the impedance curve of the loudspeaker. A calibration algorithm can then be implemented in
the digital domain. To calibrate, a frequency sweep is played over the output channel while no sound is
being recorded. The secondary channel is then iteratively adjusted until the input at the ADC matches
this sweep. This way the secondary channel will end up playing a signal to compensate the impedance
of the loudspeaker over the frequency range.

If using a secondary channel is not an option, more involved analogue impedance compensation is
necessary. This compensation is not discussed here, as the designs presented are of a concept level.
More sophisticated electronics design is outside the scope of this thesis.
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DAC

DAC ADC

Figure 7.4: The use of a secondary amplifier channel will allow for the use of a digital feedback loop, which can be used to
calibrate the system to remove the effect of the loudspeaker impedance on the recorded signal.

7.2.1. Choosing an ADC

As discussed in Section 5.2.3, the onaxis output sensitivity of the measured loudspeakers as micro
phone is between 0.39𝑚𝑉/𝑃𝑎 and 1.24𝑚𝑉/𝑃𝑎. The worstcase dynamic range was calculated to be
119.1𝑑𝐵. To be able record this, the ADC needs to be capable of handling this range, or the recording
is useless. ADCs exist that can handle this dynamic range [22]. However, it needs to be a carefully
selected highquality ADC as most can not handle this range.

7.3. Improving the dynamic range: using a differential amplifier
Another option is to decrease the dynamic range before the signal hits the ADC. For this, a circuit like
in Figure 7.5 can be used. In this circuit the current and the voltage are both measured. As the voltage
measurement is driven by the amplifier, this contains the signal played. The current measurement
contains this as well, on top of the recording signal. Both of the measurements then go into a differential
amplifier. Setting the first two amplifiers in the proper ratio, the playback signal will end up as the
commonmode signal between the signals. A commonmode signal is a voltage that is equal (common)
at both inputs of a differential amplifier. Designing the differential amplifier to have a high commonmode
rejection ratio will then suppress the playback signal and lower the dynamic range of the input.

This design also has several drawbacks. As both the voltage and current are read, the impedance
compensation as conceived in Section 7.2 will not work optimally with the voltage amplifier. It will
skew the differential signal and the measurement will most likely be worse. This means the impedance
compensation needs to be done in a different way. Another drawback is the increased component cost.
Compared to the design from Section 7.2, this design includes more amplifiers. The tradeoff is either
carefully selecting a highquality ADC, or designing more electronics but being able to use a possibly
cheaper ADC with a lower input range. This tradeoff should be made on a casebycase basis.

The goal of this circuit is roughly the same as the digital filter described in Section 6.2. Equation
(6.20) describes the filter output as the recorded signal without the playback signal, and this is what the
circuit described in this section aims to give at the ADC input. This shows that analogue circuitry and
signal processing go hand in hand, and there are often multiple ways to solve a problem. This thesis
will continue with the implementation of a digital filter.
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Figure 7.5: Using a transimpedance amplifier combined with a voltage amplifier, the playback signal could possibly be removed
by making it the commonmode signal at the input of a third, differential amplifier. If this amplifier is designed to have a high
common mode rejection ratio, the dynamic range of the recording could be improve before it hits the ADC. The impedance
compensation does become a lot more involved by doing this.

7.4. Summary
In this chapter, the electronic equivalent model of a loudspeaker is analysed. From this, it is concluded
that for the linear case, simultaneous recording and playback do not influence each other. This validates
the assumption made in Chapter 6 on this. The signal recording possibilities are also discussed, and
different conceptlevel electronic designs are presented. With this, research question 2c is answered.
To acquire the recorded signal from a voltagedriven system, the current needs to be measured. To
achieve this, two possible designs with a transimpedance are presented, as well as one design utilising
a differential amplifier design.
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Use case simulation and filtering

This chapter discusses the attempted signal quality improvement through the use of digital signal pro
cessing (DSP). This answers research question 3b:

RQ 3b  What algorithms can be used to improve the quality?

To answer this research question, a simulation is set up in MATLAB to allow different use cases to be
tested efficiently. A basic LeastMeanSquare (LMS) filter is then implemented to remove unwanted
signal components after generating the signals from the simulation. To evaluate the results, a quality
measure is defined.

8.1. Implementing a simulation based on the signal model
To set up a simulation, a simplified version of the signal model from (6.15) is taken. In (8.1) the simpli
fications are shown as crossed out with a horizontal line, after which the simplified version is shown in
(8.2). The simplifications will be discussed here.

First, the amplifier is assumed to be ideal. This means 𝐻𝑎 = 𝐶 and 𝑁𝑎 = 0, so the signal is
amplified by a frequency independent constant 𝐶 with no noise. As the dynamic range is an important
characteristic for the simulation, this is included in this constant. To simplify the amplifier transfer further,
the constant is moved to the microphone transfer by multiplying it with 1/𝐶. In this way the amplifier
transfer can be set as 𝐻𝑎 = 1. The other devices are simplified to also not introduce noise, which
means 𝑁𝑙 = 𝑁𝑚 = 𝑁𝑞 = 0. Lastly, a simplification is done on the recording response. The angular
responses in the frequency range of interest are relatively similar to each other, and signal reflections
spread out the signals over a wide range of angles. To average this effect, the recording response can
reasonably be simplified to just the onaxis response in all directions.

𝑈 = 𝐻𝑎𝑆 +𝑁𝑎 +𝐻𝑚(𝜃𝑠)(𝐻′𝑟(Xl,Xl)(𝐻𝑙(𝐻𝑎𝑆 +𝑁𝑎) +𝑁𝑙)) +𝐻𝑚(𝜃𝑥)(𝐻𝑟(Xx,Xl)𝑋) +𝐻𝑚(𝜃𝑛)𝑁𝑟 +𝑁𝑚 +𝑁𝑞
(8.1)

𝑈𝑠 =
On the line

⏞𝑆 +
In the room

⏜⎴⎴⎴⎴⎴⎴⎴⎴⎴⎴⎴⎴⎴⏞⎴⎴⎴⎴⎴⎴⎴⎴⎴⎴⎴⎴⎴⏜𝐻𝑚𝐻′𝑟(Xl,Xl)𝐻𝑙𝑆 + 𝐻𝑚𝐻𝑟(Xx,Xl)𝑋 + 𝐻𝑚𝑁𝑟 (8.2)
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8.1.1. Choosing the signals to be used in the simulation

To represent the different use cases, the proper signals need to be used in the simulation. This section
describes what signals were chosen and for what reason.

• 𝑠(𝑡): The announcement signal. These signals are mostly speech signals. Speech excerpts from
the TIMIT corpus [23] were used as the announcement signal 𝑠. To be able to efficiently separate
this from the point source signal 𝑥(𝑡) while listening, speech excerpts of a female voice are used.

• 𝑥(𝑡): A point source in the room. In the use case of event detection, one could be looking for
people using the PA system in a building. Using a male speech sample from the TIMIT corpus,
it will be easy to distinguish the point source signal from the female announcement signal while
listening. Using a speech sample will provide some additional benefits. Speech enhancement
algorithms are very common as a lot of research in signal processing focuses on this topic. Addi
tional speech enhancement is thus possible if needed. Along the same line, speech intelligibility
measures might prove to be useful in quality assessment. Lastly, using a speech signal here will
also help exposing the potential privacy risk from espionage using PA systems.

• 𝑛(𝑡): Noise present in the room. To be able to simulate different use cases, different types of
noise are chosen for 𝑁. In the performed simulations, an artificial nonstationary noise signal
was used.

8.1.2. Using the playback and recording responses

For the loudspeaker recording and playback responses, the magnitude response data from Chapter 5
was used together with the filter design tool in MATLAB to generate a linear phase directform finite
impulse response (FIR) filter. For the simulation presented here, the onaxis response of the LC1
WM06E8 #1 speaker were used.

As the recording response measurement started at 100Hz, where the response is still quite high,
a highpass filter was made to reduce the filter response at 100Hz to a low enough level (80dB) to
avoid ringing in the time domain. As the TIMIT speech files are recorded at a sampling frequency of
16kHz, any audio content above 8kHz can introduce aliasing. To remedy this, a lowpass filter was
also designed to reduce the response significantly at 8kHz (80db), so the recording response does
not fold over on itself. The recording response was cascaded with the highpass and lowpass filters
to generate a final version. This is shown in Figure 8.1.
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Figure 8.1: The magnitude response and phase response of the filter generated from the measurement data. This filter models
a recording loudspeaker. Around 100Hz a highpass filter is introduced to mask the start of the measurement data. Close to
8kHz a lowpass filter is introduced to prevent aliasing.
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An adjustment similar to the one described above was also performed on the loudspeaker playback
response. This response was defined down to 20Hz, where the transfer is low enough to not need a
highpass filter as with the recording response. The playback response was cascaded with the same
lowpass filter as the recording response, to ensure no aliasing from content above 8kHz. This is shown
in Figure 8.2.
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Figure 8.2: The magnitude response and phase response of the filter generated from the datasheet data. This filter models a
loudspeaker used for playback. Close to 8kHz a lowpass filter is introduced to prevent aliasing.

8.1.3. Generating an acoustic transfer function

To describe a room through which the signals propagate, acoustic transfer functions (ATFs) are used.
In [20], a method to efficiently simulate smallroom acoustics using an ATF was introduced. To provide
flexibility, the ATFs are generated using a modified version of the MATLAB mex function described in
[24]. This function is based on the method presented in [20], and the modified version checks for a
result of infinity, and removes those from the summation. Equation (6.13) describes the generation of
the ATF, where it removes elements with zero distance. As the loudspeaker is simulated on the ceiling
plane, more elements than only the direct path will result in infinity. Therefore these result also needs
to be removed, and the modified code handles this accordingly.

As the LC1 range is a ceiling loudspeaker range, it is placed inside of the ceilings in office buildings,
and specifically office rooms. To simulate an average office room, the rough dimensions from a faculty
office were used: the simulated room dimensions are 5m long by 4mwide by 3m high. In this room the
ceiling loudspeaker is placed at position (4, 2, 3): 1maway from the wall where a door would be, centred
in the room width and on the ceiling. The point source is modelled at (3, 2, 1.8): an average height for a
Dutch man, standing in the room. Finally, a noise source is also simulated as a point source. Generally
noise sources are not point sources, but to reduce complexity the noise was placed at (0, 1, 1): imagine
noise from outside coming in from a small window. In (8.2), this results in a substition of 𝑁𝑟 with 𝑁′𝑟,
where 𝑁′𝑟 = 𝐻𝑟(Xn,Xl)𝑁𝑟

Using the generator code the ATFs were generated for a room with a relatively high reverberation.
The reflection coefficients are [𝛽𝑥1, 𝛽𝑥2, 𝛽𝑦1, 𝛽𝑦2, 𝛽𝑧1, 𝛽𝑧2] = [0.5, 0.4, 0.45, −0.5, −0.4, −0.45].

8.1.4. Adding everything together

To be able to use the correct ratios of the signals, all the source signals were normalised first. For 𝑁
and 𝑋 this was straightforward, but the announcement signal 𝑆 is filtered first with the filter modelling the
loudspeaker transfer. After this the signals are scaled to their respective dB levels. For the loudspeaker
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Figure 8.3: A block diagram showing the working of a LeastMeanSquare (LMS) filter.

signal 𝑆, 88 dB was used, as this is specified to be the SPL of the loudspeaker playing at a power of
1 W. This would be sufficiently loud for a space of the chosen dimensions. The point source signal 𝑋
was scaled to 60 dB, the level of a regular conversation at 1 m. Finally the noise signal was set to be
also 60 dB, the sound level of a fast car at roughly 50 m.

Following this scaling, the signals are convolved with their respective ATFs and the microphone
response, as to generate the inroom part of Equation 8.2:

𝐻𝑚𝐻′𝑟(Xl,Xl)𝐻𝑙𝑆 + 𝐻𝑚𝐻𝑟(Xx,Xl)𝑋 + 𝐻𝑚𝑁𝑟 (8.3)

To be able to add the signal 𝑆 as it is on the loudspeaker line, the recorded signal is normalised again.
This allows us to add the two signals together in the specified dynamic range. For the loudspeaker
playing at 1 W, the dynamic range is calculated to be 105.6 dB. The calculation is the same as in
Section 5.2.3 (where it was 116.7 dB), but with a power of 1W instead of 6W. As a final step the signal
is normalised again, to ensure no clipping occurs when listening to the signal or when writing it to an
audio file.

8.2. Estimation based on the recorded signal: a proofofconcept
To evaluate whether using a digital filter on the recorded signal is a feasible operation, a proofof
concept needs to be performed. To accomplish this, a simple LeastMeanSquare (LMS) filter is imple
mented. This section describes the use of this filter, as well as the software implementation.

8.2.1. LeastMeanSquare filter implementation

The LMS filter [25] is an adaptive filter, based on a series of delayed weights. It optimises the filter
weight by minimising the error between the filter output and the desired filter output. It is based on a
transversal filter structure, where the weights for each delay are controlled by the algorithm. The block
diagram in Figure 8.3 shows an illustration of this. The iterative update process from the LMS filter can
be described as follows [26]:

1. Filter output:
�̂�(𝑚) = ŵ𝐻(𝑚)𝑢(𝑚), (8.4)

where 𝑚 is the filter tap index up to order M, ŵ(𝑚) are the filter weights (usually initialised at
zero), and 𝑢(𝑚) is the filter input.

2. Estimation error:
𝑒(𝑚) = 𝑑(𝑚) − 𝑦(𝑚), (8.5)

where 𝑑(𝑚) is the desired filter output
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3. Tapweight adaptation:
ŵ(𝑚 + 1) = ŵ(𝑚) + 𝜇u(𝑚)𝑒∗(𝑚), (8.6)

where 𝜇 is the update step size. Because in this simulation the input and output signals are
realvalued, 𝑒∗(𝑚) = 𝑒(𝑚).

Usually, when using an adaptive filter like this, some prior knowledge of the desired signal is present.
In this case though, the only signals known are the recorded signal and the playback signal. Still the
adaptive filter can be used in a creative way. If the recorded signal (𝑢𝑠(𝑛) with time index 𝑛) is used as
the filter input, and the playback signal 𝑠(𝑛) is used as the desired signal, the filter will try to remove
any other components from the signal. As the filter output tries to converge to the desired signal 𝑠(𝑛),
the error signal will contain the recorded signal. Taking this error signal as the output of the filter will
give the original signal with the playback signal adaptively removed from it.

8.3. Defining a quality measure
Different desired output signals have different characteristics. As quality is an objective term, the quality
of the different signals could be based on various attributes. In this section, a quality measure is defined
to help evaluate the performance of the simulated system.

The first quality measure is based on intelligibility. In the case where the goal is to estimate a speech
source in a room, intelligibility could be a suitable measure to determine the quality. The amount of
intelligibility gives a good representation of the amount of information that can be extracted from this
signal. The quality measures can be described by the following questions:

• How much does the intelligibility of the signal increase by using a digital filter to remove unwanted
components?

• How much is the intelligibility degraded by using a loudspeaker for recording compared to a mi
crophone?

As an intelligibility metric, Speech Intelligibility In Bits (SIIB) is used [27]. Compared to other intelligibility
metrics, SIIB has reasonably high correlation to real intelligibility [28]. As the data from this simulation
differs from the data sets used for evaluation of SIIB, the output might not be entirely accurate. It is,
however, sufficient for the comparison needed to answer the questions above. Care should be taken
if one wants to compare the results to different data sets or other research.

SIIB provides results as the information rate in bits/second (b/s), based on the mutual information
between a message 𝑀𝑡 and a received signal 𝑌𝑡. Generally, the information rate will be between 0b/s
(zero intelligibility) and 150b/s (high intelligibility). As the intelligibility approaches 100%, the SIIB results
become asymptotic. Any rate above 150b/s can thus be considered as close to 100% intelligibility.

8.4. Results and evaluation
For evaluating the improvement of the speech signal, the intelligibility of themale speech was calculated
for three different signals. The first was the full signal 𝑈𝑠, as recorded. The second signal is the filtered
signal, where the signal component on the line is removed. This simulates Case 4 in Section 6.2. The
third signal is a more involved filter. If there is some information available about the room acoustics,
this could then be used to improve the filter. This simulates Case 1 in Section 6.2. To simulate this
case, the simulated reflections of the announcement signal are added to the LMS filter input:

𝑑(𝑛) = 𝑠(𝑛) + 𝑠‴(𝑛). (8.7)

As the SIIB algorithm compares the output signal to a reference message, this reference also needs
to be chosen. In the evaluation, the filter output is compared to the speech signal as it arrives at the
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loudspeaker. The reference signal 𝑀(𝑛) is

𝑀(𝑛) = ℎ𝑟(Xx,Xl) ∗ 𝑥(𝑛). (8.8)

The values are shown in Table 8.1. As can be seen, the filter almost always improves the intelligibility
of the signal. If the filter only removes the announcement present on the line, the announcement still
plays in the room,. This signal is louder than the speech signal source, so the speech signal is masked
by the announcement signal. As a result, the intelligibility improves little or not at all. For both cases,
the improvement is noticeable when also attempting to remove the reflections from the announcement.
What also can be seen from these results is that there is quite a significant drop in intelligibility when
switching from a microphone to a loudspeaker. This result is expected, as the recording response is
severely different. The SIIB measure includes a model of the human auditory system [27], and the
human hearing is less sensitive to lower frequencies, where the loudspeaker is most sensitive. This
degrades the intelligibility severely.

Signal type

Intelligibility of
speaker with
microphone
reference (in bits)

Intelligibility of
microphone with
microphone
reference (in bits)

Full recording 5.93 5.90
Signal on line
removed 5.66 17.87

Signal +
reflections
removed

7.98 341.75

Table 8.1: The speech intelligibility in bits (SIIB) for different speaker recording signals, as well as amicrophone signal. Compared
to the ideal recording from a microphone, a speaker performs significantly worse. In both cases however, the filter increases the
intelligibility.

8.5. Conclusion
This chapter has described, analysed and implemented algorithms to attempt to answer research ques
tion 3b:

RQ 3b  What algorithms can be used to improve the quality?

The simulation has shown a basic LMS filter can be used to improve the signal quality of the recorded
signal by removing unwanted components. Also it has shown that prior knowledge such as having
the information on the ATF 𝐻′𝑟(Xl,Xl) can be used to improve the filter performance significantly. As
the simulation uses only a basic filter, it is reasonable to assume more advanced signal processing
techniques could improve the result even more. Therefore, a successful proofofconcept is achieved.

In this thesis, the use of more involved techniques is left as a recommendation for future work.
Some techniques that might be helpful are acoustic echo cancellation [29],or the generalised cross
correlation phase transform (GCCPHAT) algorithm [30]. In addition to this, it could be possible for the
DSP to compensate for the loudspeaker recording transfer, so the signal quality is further improved.
For the case of a basic LMS filter the speech output still has noticeable artefacts, and compensation is
deemed not feasible, as it would also amplify these artefacts. Another interesting topic is the estimation
of the ATF. It is expected this can be done using the system without any extra components. However,
this does imply compensation for the loudspeaker recording transfer is in place. After this it should be
similar to any other ATF measurement.



9
Conclusion and recommendations

The goal of this thesis was proving the feasibility of using a loudspeaker as a recording device in public
address (PA) systems. The work presented covers an overview on a system which can simultaneously
play and record audio over a loudspeaker, where a test setup was used to most accurately simulate
the system as those found in typical PA systems.

To answer the research question in a practical setting, two use cases were defined:

• Event detection: The system aims to estimate the presence and position of people in emergency
situation, or to estimate a time of occurrence for a certain event such as an explosion.

• Adaptive announcements: The system aims to improve the signal quality and intelligibility of
announcements by estimating the room acoustics and the ambient noise level.

The information found by answering the research questions provided a sufficient basis to prove the
feasibility of recording with a loudspeaker in PA systems for these two use cases. Using a current
measuring setup with an analoguetodigital converter capable of detecting a range of roughly 120 dB,
a speech signal up to three metres in a cone of 120° from a loudspeaker can be successfully estimated
in an office roomwith an announcement playing and background noise present. As the estimated signal
is unknown to the system, the solution generalises to other signal types as well. A system with a single
loudspeaker can be utilised for the use cases presented and is therefore proven feasible.

Recommendations for future research are largely based in two areas to improve the practicality
of the system. The first is the signal quality improvement such that the range can be extended, and
the system becomes applicable in a wider range of environments.and The second is focused on the
additional issues arising from the implementation into a full PA system. As described in chapter 4,
the isolated case of a single loudspeaker and amplifier system is considered. A full PA system would
require the signals from different loudspeakers on a line to be isolated in signal processing, as well as
communication of the data from the amplifier to the system controller for logging.

Recommendations for further research into the first improvement area, increasing the signal quality
are:

• Improving the construction of a loudspeaker to have a more flat recording response without sig
nificantly altering the playback response,

• Designing a differential amplifier based on the concept shown in Section 7.3 to improve the dy
namic range of the signal before going to the analoguetodigital converter.

45



46 9. Conclusion and recommendations

• Improving the signal processing with more involved digital filters on the signals recorded by loud
speakers will likely provide improved signal quality as the proofofconcept has already shown
promising results.

• In the use case of ambient noise level estimation, one could also research applying noisetracking
techniques such as presented in [31] to a filtered signal to improve the quality of the estimate
further.

Recommendations for further research into the second improvement area, practical implementation
of the system into a full PA system are:

• Research the generalisation of the Bosch PRAESENSA system to other systems. Other systems
will have deviations in their implementations of the system and the recording system might need
adjustments to accommodate for this.

• Evaluate and test the topology level designs shown in Chapter 7 for feasibility.

• Evaluate compensation methods for the loudspeaker recording transfer. Equalisation based on
estimates of the loudspeaker recording transfer can be evaluated for implementation over a wide
range of devices.

• Extending the single loudspeaker case from this thesis to the case where there are multiple loud
speakers connected to a line. Blind source separation techniques are expected to fulfil a pivotal
role in this topic.

As the system of using a loudspeaker as a recording device has proven to be feasible, one important
additional use case in Chapter 2, around espionage can also be revisited. Given the sensitivity of this
topic, it is reasonable to assume that most research on this use case has been performed outside of
the public domain. However, with the knowledge of the findings of this thesis, it can be safely assumed
that an actor could use the key concept of this thesis for espionage.. The implications of this can
best be illustrated by considering the requirements of performing espionage by using loudspeakers as
microphones. There are three primary scenarios that can be considered here:

1. Actor has access to the PA system: To record a signal from the loudspeaker in a PA system that
is not connected to the internet, direct physical access to the system is needed. Line monitoring
systems present in the PA systems will detect changes in impedance or continuity in the line,
and therefore the best access point is digitally at the amplifier or system controller to access a
recording. Considering the level of access and knowledge about the system required, it becomes
more likely that the actor would be setting up a microphone. Therefore this method of espionage,
while possible, is likely not the largest security risk.

2. A potential larger risk is having direct access to signals of the system via the internet. This would
allow an actor to remotely access the systems and record the signals. There are several prac
tical implications to this method such as the required software or firmware of the software to be
able to record, however once access to the system is possible these are challenges that can
be overcome. Therefore this method poses a security risk. This also came up in conversation
with Bosch Security Systems, where they explicitly stated that they employ extra, specifically de
signed, security measures to ensure no actors are able to access their systems over the internet.
If a system with lesser protection is used, this could pose a serious threat.

3. Without access to the system, an actor would have to resort to optical or ultrasound methods to
try and read the excursion of the loudspeaker. While this method is used in espionage already by
measuring the excursion of for example a window or even a light bulb [32], there are other practical
considerations that make this method of espionage improbable. Firstly, most PA systems have
a grill in front of the loudspeakers making it hard or impossible to measure excursion. Secondly
bringing a device into the space that can measure the excursion of a loudspeaker at distance is
likely more complex than bringing an actual recording device into or near the space. With these
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factors combined, it becomes highly unlikely that this method poses a greater security risk than
already having a light bulb in the room.

All the cases described have severe drawbacks that limit their feasibility in this use case, therefore the
security risk from recording audio over PA system loudspeakers is deemed to be low. Nevertheless, as
part of the goal of espionage is to perform it unnoticed, it would be advisable to consider the specific
circumstances of the cases described above and act accordingly to minimise potential security risks.





A
Special case ATF derivation

The special case ATF (6.13) is based on the mirror image source method (MISM) introduced by Allen
and Berkley in 1979 [20]. In a rectangular room with rigid walls the sound pressure at the microphone
is modelled as:

𝑃(𝜔,X,X’) =
8

∑
𝑝=1

∞

∑
r=−∞

exp(𝑗𝜔𝑐 |Rp + Rr|)
4𝜋|Rp + Rr|

exp(−𝑗𝜔𝑡) (A.1)

where 𝑐 is the speed of sound in the room, Rp represents the vectors given by the eight permutations
over ± of

Rp = (𝑥 ± 𝑥′, 𝑦 ± 𝑦′, 𝑧 ± 𝑧′), (A.2)

r is the integer vector triplet (𝑛, 𝑙, 𝑚), and

Rr = 2(𝑛𝐿𝑥 , 𝑙𝐿𝑦 , 𝑚𝐿𝑧), (A.3)

with (𝐿𝑥 , 𝐿𝑦 , 𝐿𝑧) being the room dimensions. X and X’ are the source and microphone position vectors
(𝑥, 𝑦, 𝑧) and (𝑥′, 𝑦′, 𝑧′), respectively.

In the special case from section 6.1.2, the distance between the source and the microphone is zero.
This will result in an occasional zero in the denominator for the direct path when r = 0, and the impulse
response becomes infinity in the limit. To suppress this effect, the direct path needs to be removed
from the equation. We can rewrite (A.1) to have one summation:

𝑃(𝜔,X,X’) =
∞

∑
𝑖=0

exp(𝑗𝜔𝑐 𝑢𝑖)
4𝜋𝑢𝑖

exp(−𝑗𝜔𝑡) (A.4)

where u is a vector that contains all values |Rp +Rr| in increasing order of magnitude. The direct path
is contained in 𝑢0 = 0, so we would like to remove the first element in the summation.

𝑃′(𝜔,X,X’) =
∞

∑
𝑖=0

exp(𝑗𝜔𝑐 𝑢𝑖)
4𝜋𝑢𝑖

exp(−𝑗𝜔𝑡) −
exp(𝑗𝜔𝑐 𝑢0)
4𝜋𝑢0

exp(−𝑗𝜔𝑡) (A.5)

The summation can be rewritten to extract the 𝑘 = 0 case:

𝑃′(𝜔,X,X’) =
∞

∑
𝑖=1

exp(𝑗𝜔𝑐 𝑢𝑖)
4𝜋𝑢𝑖

exp(−𝑗𝜔𝑡) +
exp(𝑗𝜔𝑐 𝑢0)
4𝜋𝑢0

exp(−𝑗𝜔𝑡) −
exp(𝑗𝜔𝑐 𝑢0)
4𝜋𝑢0

exp(−𝑗𝜔𝑡) (A.6)
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This expression is not valid, as the last two terms still have zero in the denominator. Taking the limit of
these terms gives:

𝑃′(𝜔,X,X’) =
∞

∑
𝑖=1

exp(𝑗𝜔𝑐 𝑢𝑖)
4𝜋u𝑘

exp(−𝑗𝜔𝑡) + exp(−𝑗𝜔𝑡) lim
𝑢0→0

(
exp(𝑗𝜔𝑐 𝑢0)
4𝜋𝑢0

−
exp(𝑗𝜔𝑐 𝑢0)
4𝜋𝑢0

) (A.7)

As the terms in the limit have the same convergence rate, the limit converges to zero. The resulting
ATF for the special case is:

𝑃′(𝜔,X,X’) =
∞

∑
𝑖=1

exp(𝑗𝜔𝑐 𝑢𝑖)
4𝜋𝑢𝑖

exp(−𝑗𝜔𝑡) (A.8)

In some cases, e.g. if the device is on one of the axes, one will have more than one instance where
𝑢𝑖 = 0. Because of the nature of u, these will be contained in the first elements. The method described
above can be repeated until the summation starts at the first nonzero entry of u.
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B.1. Onaxis microphone and loudspeaker responses
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Figure B.1: The measured microphone response of the UM06E8 loudspeaker, compared with the loudspeaker response. The
blue solid and dashdotted curves represent the microphone response of two different loudspeakers. The red dashed curve is
the loudspeaker response, as given by the datasheet.
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Figure B.2: The measured microphone response of the UM12E8 loudspeaker, compared with the loudspeaker response. The
blue solid and dashdotted curves represent the microphone response of two different loudspeakers. The red dashed curve is
the loudspeaker response, as given by the datasheet.
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Figure B.3: The measured microphone response of the UM24E8 loudspeaker, compared with the loudspeaker response. The
blue solid and dashdotted curves represent the microphone response of two different loudspeakers. The red dashed curve is
the loudspeaker response, as given by the datasheet.
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Figure B.4: The measured microphone response of the WC06E8 loudspeaker, compared with the loudspeaker response. The
blue solid and dashdotted curves represent the microphone response of two different loudspeakers. The red dashed curve is
the loudspeaker response, as given by the datasheet.
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B.2. Angular microphone responses
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Figure B.5: The measured microphone response of the second WM06E8 loudspeaker over 4 different angles (0∘,15∘,45∘,75∘).
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Figure B.6: The measured microphone response of the first UM06E8 loudspeaker over 4 different angles (0∘,15∘,45∘,75∘).
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Figure B.7: The measured microphone response of the second UM06E8 loudspeaker over 4 different angles (0∘,15∘,45∘,75∘).
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Figure B.8: The measured microphone response of the UM12E8 loudspeaker over 4 different angles (0∘,15∘,45∘,75∘).
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Figure B.9: The measured microphone response of the UM24E8 loudspeaker over 4 different angles (0∘,15∘,45∘,75∘).
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Figure B.10: The measured microphone response of the WC06E8 loudspeaker over 4 different angles (0∘,15∘,45∘,75∘).
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Figure B.11: Polar sensitivity plot of 3 loudspeakers (UM06E8, UM12E8 & UM24E8).
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