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Abstract

This master’s thesis project explores the development and implementation of a powerbank for Power over
Ethernet (PoE) driven loudspeakers, addressing the inherent limitations of output power imposed by PoE
Type 1. PoE, while advantageous for simplifying installations and reducing wiring costs, restricts the maxi-
mum power delivery to connected devices. This constraint poses significant challenges for audio applications,
particularly in handling high amplitude peaks without causing clipping and distortion.

To overcome these limitations, the thesis introduces an innovative solution involving a supplementary power-
bank added to the loudspeaker’s amplifier. The powerbank is intended to provide additional power during
peak audio demands, ensuring consistent and high-quality sound output. A critical component of this sys-
tem is the Power multiplexer (MUX), which intelligently selects the power source, either the PoE or the
powerbank, based on real-time analysis of the audio input.

An algorithm developed for the Power MUXmonitors the audio signal, predicting power needs and seamlessly
switching to the powerbank when the input data indicates potential clipping or power insufficiency. This
adaptive power management strategy not only mitigates the limitations of PoE but also enhances the overall
performance and reliability of PoE-driven loudspeakers.

The prototype and testing demonstrate the effectiveness of this approach, highlighting its potential in various
environments where high-clarity audio and simplified installation are paramount. This thesis contributes to
the advancement of PoE technology in audio systems, offering a viable solution to extend the capacity of
PoE-driven loudspeakers beyond their conventional power constraints.
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1 Introduction

In recent years, Power over Ethernet (PoE) technology has emerged as a potent solution for delivering both
power and data over a single Ethernet cable. This innovative technology has found widespread application
in various fields, from networking devices to security cameras, and, more excitingly, to audio systems. PoE
offers the advantage of simplifying installation, reducing costs, and providing flexibility in the deployment
of networked devices, including speakers.

The integration of PoE technology into speaker systems opens up new possibilities for audio distribution,
both in residential and commercial environments. Traditionally, speaker systems have relied on separate
power sources and audio sources, often resulting in complex wiring schemes and limitations in placement.
With PoE, these limitations are alleviated, as speakers can now be powered and controlled through the same
Ethernet cable used for data transmission.

However, since PoE is a relatively new technology the power delivery has not yet fully caught up with the
demands of most commercial powered equipment and it is often not able to deliver as much power as a
standard system would. And as it is well known; with not so great power comes not so great responsibility,
and thus, audio PoE systems in particular are not given the opportunities they might deserve.

Therein lies the motivation behind this project, to explore the possibility to increase the available output
power of a PoE powered loudspeaker without stepping up to a newer class of PoE which can supply more
power. Instead, the loudspeakers will be supplied with additional power by an ”external” powerbank, such
as a battery, which is recharged during time periods where the loudspeaker demands are lower than the
available PoE power.

To begin with, the structure of a PoE system was explored. This was done in order to find where power was
lacking and where more power could easily be delivered, and most importantly, how it could be delivered
without compromising any functionality or performance. The basic structure of a PoE system is shown
in Figure 1 and in principle it functions as follows: PoE can deliver both data and electrical power via an
Ethernet cable. The power delivered by the PoE to the powered device (PD) is usually converted to a desired
voltage as well as isolated and regulated to ensure proper functionality. The digital data signal, in this case
an audio signal, is delivered to a DSP which processes the audio signal to desired levels and converts it
from a digital signal to an analog. The analog signal is then delivered to an amplifier, which within the
scope of this work will from now on be a Class D Amplifier, but in reality it could be any amplifier class.
The amplifier is powered from the PoE and amplifies the analog audio signal, which is then delivered to a
speaker.

It is also important to note that not all power available at the PD side of the PoE is directly used by the
speaker system. There are usually many more subsystems that require power, such as processing units, so
the total power available to the amplifier and speaker is substantially lower than the PoE can deliver.

Figure 1: A simplified block schematic of the different components in a Power over Ethernet speaker system. A
digital data signal is sent through the PoE along with power from a power supply. The power is generally converted
via a flyback converter and delivered to any power demanding units in the PD, in the figure this is the amplifier,
while the digital data is sent to a DSP which performs digital filtering and later converts it to an analog signal. The
amplifier receives both power and the analog signal, and amplifies the signal which it then delivers to the speaker.
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2 Methodology

2.1 Double Diamond

This thesis work will be carried out according to the ”Double Diamond” methodology, which consists of two
phases and four sub-phases. The two phases can be described as ”solve the right problem” and ”solve the
problem right”. These phases are each divided into two sub-phases where the first is meant to research and
broaden the view on a topic and the second is for focusing the work towards a more specific path and solution.
The four sub-phases are often called ”Discover”, ”Define”, ”Develop” and ”Deliver”. The first sub-phase,
”Discover”, will be used to explore the subject by studying the underlying topics that form the basis of the
work, such as speaker systems, PoE systems, power consumption in amplifiers, types of powerbanks, power
combining, etc. The next sub-phase, ”Define,” aims to identify the primary problem based on the insights
gained in the previous sub-phase and determine which specific issue the work will address. In the next
sub-phase ”Develop”, perspectives are again broadened and potential solutions to the problem are explored
and researched. All potential solutions are then evaluated and the most promising one is then tested and
refined in the final sub-phase of the work to ultimately ”Deliver” a final solution. [1]

As such, the report will be structured accordingly. The next part of the report is theoretical and informative
in order to explore where any power related problems can arise and which can be solved by the addition of
a powerbank. It is also meant to describe the purpose and behavior of the individual components of a PoE
system and speaker system for the reader. It offers a brief description of each subsystem, advanced enough
for the reader to comprehend wherein the ”faults” and ”problem” lies, as well as to help understand how
the presented solution is intended to improve future products.

The subsequent section will then define what problem the work will intend to solve and what objectives and
restrictions are considered, allowing the section after that to explore potential solutions to the problem. The
reader then be introduced to components and subsystems in order to comprehend the final solution, which
will be presented and evaluated in the final sections.

Figure 2: Illustration of the Double diamond method with the different sub-phases. The broadening of the sub-
phases ”Discover” and ”Develop” symbolizes a wider perspective, and the narrowing of the ”Define” and ”Deliver”
sub-phases symbolizes focusing and commitment.
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3 Theory

3.1 Power over Ethernet

Power over Ethernet (PoE) has since the first standardization by IEEE in the year 2003 emerged as a
transformative technology, revolutionizing the way power network devices are developed and deployed. It
facilitates the simultaneous transmission of data and electrical power over a single Ethernet cable, simplifying
infrastructure and providing greater flexibility in device placement. PoE is widely employed in applications
such as IP cameras, wireless access points, VoIP phones, speaker systems and IoT devices [2].

PoE functions by injecting a low-voltage direct current (DC) into the Ethernet cable alongside the standard
data signals. This enables network devices to receive both power and data through an unified cable, elim-
inating the need for separate power sources. The primary components of a PoE system include the Power
Sourcing Equipment (PSE), such as PoE switches or injectors, that deliver power to connected Powered
Devices (PD) [2].

PoE leverages the standard twisted pair cables used in Ethernet networks for power delivery, see Figure 3.
The power is transmitted over two pairs of wires in the Ethernet cable, either in unison with the data in
pairs 1/2 and 3/6 or separately in the spare pairs 4/5 and 7/8 [2]. The power transfer method used and
amount of power delivered depends on the specific PoE standard and class, with higher classes capable of
delivering more power to meet the diverse needs of various devices.

Figure 3: The interface between two Ethernet equipment. Figure from [3].

To ensure interoperability and consistent performance, various PoE standards have been established. The
IEEE 802.3af-2003, 802.3at-2009 and 802.3bt-2018 standards are widely adopted, defining the max-
imum power that can be delivered over the Ethernet cable, see Table 1. All PoE compatible PDs can be
classified according to a standardized format, ranging from class 0 to 8, which discloses its power require-
ments [4][5]. In order to determine the PD class and PoE type the PSE establishes a negotiation process
between itself and the PD. The negotiation is initiated by a detection phase, with the PSE sending a gentle
voltage across the Ethernet cable to ascertain the presence of a PD which signals its existence as well as its
power requirements by responding with a signature resistance. Several more stages occur in the negotiation
between the PSE and PD to configure and setup the power delivery. Once power begins to flow, continuous
monitoring occurs by both PSE and PD keeping a vigilant eye on power parameters, ensuring stability and
compliance with the negotiated terms. If there are changes in the PDs power requirements, the negotiation
process repeat to accommodate those changes, or abort power delivery entirely.

These systems are more than just classification processes, but also necessary safety features to protect devices
and users. Detection mechanisms ensure that only compatible PDs receive power, preventing damage caused
by incompatible devices and limits the current supplied during malfunctions, safeguarding devices from
potential damage.
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Table 1: Overview of PoE Types. Data from [5].

PoE PoE+ PoE++
IEEE Standard version 802.3af (802.3at Type 1) 802.3at Type 2 802.3bt Type 3
Voltage range (at PSE) 44.0–57.0 V 50.0–57.0 V 50.0–57.0 V
Voltage range (at PD) 37.0–57.0 V 42.5–57.0 V 42.5–57.0 V

Maximum power from PSE 15.4 W 30 W 60 W
Power available at PD 12.95 W 25.50 W 51 W
Twisted pairs used 2 2 4

3.2 Flyback Converter

The voltage appearing at the PoE output, the PSE side, has to be converted and regulated in order to
ensure reliable and safe power delivery to the connected PD. One commonly employed power converter
in PoE applications is the flyback converter [6]. The flyback converter is a type of switched-mode power
supply known for its simplicity, cost-effectiveness, and versatility. Its operation involves energy storage in a
transformer during the switch-on time and subsequent release of stored energy during the switch-off time.
This distinctive energy transfer mechanism allows for voltage regulation, galvanic isolation between primary
and secondary side, and ease of implementation in PoE systems.

A simplified topology of a flyback converter is shown in Figure 4. It functions around oppositely polarized
inductors to transfer current between the primary and secondary side. When the transistor, Q, is open, the
voltage, Vin, will be applied to the primary side. Since the voltage is constant the current, iM , will linearly
increase to its peak value. At the secondary side, since the inductors are of opposite polarity and due to the
presence of the diode, no current, is, will flow. The capacitor, C, however, will store charge and produce a
current, iC , which flows through the load, RL. When Q is turned off, the current, iM , will continue to flow
but will do so through the only possible path, through the primary inductor, Lp. This will induce a current
in secondary inductor, Ls, which will flow through the diode, the capacitor, C, and the load, RL. In reality,
the inductor, LM , does not exist and the current, ip, will instead flow and store energy in the air gap and
magnetic core of Ls, which is released upon switching off Q.

In order to find the output voltage of the flyback converter one has to start with the magnetizing inductor
current. The voltage equation for an inductor is

V = L
∆i

∆t
⇐⇒ ∆i =

V

L
∆t (1)

Where ∆i is the change in current, ∆t the change in time, L is the inductance of the inductor and V the
voltage across the inductor. According to above, when the the transistor, Q, is turned on the current through
the inductor will be

Qon : ∆ion =
Vin

L
DonT (2)

Where D is the duty cycle and T is the total time. Similarly when the switch is off, the current will be

Qoff : ∆ioff =
Vo

n

L
DoffT (3)

where n is the turns ratio between the primary and secondary side inductor

n =
Ns

Np
(4)

9



With Ns as the number of turns of the secondary side inductor and Np the turns of the primary inductor.
Now an average steady state assumption can be made, which entails that the ripple on the positive side is
the exact same as the ripple on the negative side, the changes in current has to equal zero in order for the
current not to increase over time.

∆ion +∆ioff = 0 (5)

now, plugging in Equation (2) and (3) gives

Vin

L
DonT +

V0

n

L
DoffT = 0 =⇒ VinDon =

V0

n
Doff ⇐⇒ Vo = Vin

Don

Doff
(6)

Which then shows that the output voltage is determined by the duty cycle of the switch, Q, as well as the
input voltage.

Figure 4: Schematic of a Flyback Converter.

3.3 Digital Signal Processing

After digital data has been transferred to the PD side through the Ethernet cable it has to be handled
properly, which is commonly referred to as Digital Signal Processing (DSP). The DSP can have multiple
functions and perform several operations depending on the application. In audio applications a DSP can
perform tasks such as sample rate conversion, volume/gain control, bit depth adjustment, clocking and
synchronization, compression and data formatting. Exactly what happens in a DSP varies even within the
same application and it is therefore difficult to precisely define the role of a DSP in all audio systems. Several
important functions are however very relevant to this project and will thus be described below.

3.3.1 Dynamic Range Compression

Dynamic range is the difference between the largest and smallest amplitudes in a signal. Compression
of the dynamic range means to amplify the weak parts of the signal while decreasing the peaks. In audio
applications this serves the purpose of equalizing the volume of the output to avoid some sounds overpowering
others as well as increasing the overall amplitude of the signal [7]. Nonetheless, if the compression is too
aggressive, the signal will become flat, resulting in the sound losing its natural dynamic and appearing as
”boring” or ”inauthentic” [8].

A common way to measure dynamic range is with crest factor, or in extension, Peak to Average Power
(PAPR). Crest factor is the value of the peak power of a signal divided by the Root Mean Square value
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(RMS), or the difference between the two in decibel, see Figure 5, while PAPR is the square of the crest
factor [9].

Figure 5: Crest factor, the difference between peak amplitude and RMS.

3.3.2 Volume/Gain Control

Before leaving the DSP and the following Digital to Analog Converter (DAC), the amplitude of the signal
must be adjusted according to the specified requirements. When discussing the amplifier in the upcoming
sections, this step is vital for ensuring proper signal reconstruction post amplification. This is due to the
need to compare the signal with a generated triangle wave, ensuring that the signal’s amplitude does not
exceed that of the triangle wave, as will be explained below.

3.4 Class-D Amplifier

This work will only consider Class-D amplifiers (CDA), this is because they are very common in low power
applications. CDAs, also known as digital amplifiers or switching amplifiers represent a significant advance-
ment in recent audio amplifier technology. Unlike traditional linear amplifiers, which operate by continu-
ously varying input signals to produce amplified output, CDAs employ Pulse-Width Modulation (PWM)
techniques to efficiently amplify audio signals. This approach offers several advantages in terms of efficiency,
size, and power handling capabilities [10].

One of the key advantages of CDAs is their high efficiency. Traditional linear amplifiers dissipate a significant
amount of power as heat, especially when amplifying high-power audio signals. In contrast, CDAs operate in
a binary fashion, where the output transistors are either fully conducting or fully non-conducting, minimizing
power dissipation and maximizing energy efficiency. In theory, the efficiency of CDAs is 100%, however due
to non-ideal switching transistors the actual efficiency is typically around 80-90%. The high efficiency not
only reduces power consumption but also allows CDAs to operate at higher power levels without overheating,
making them ideal for applications where power efficiency is critical, such as PoE devices where the output
power is very limited, or high power applications [10].

3.4.1 Pulse Width Modulation

To begin understanding how a CDA works, one has to start with the heart of it; the concept of Pulse-Width
Modulation. PWM is a modulation method to where information is stored in the width of pulses in a pulse
train. This is achieved by feeding a comparator with two signals, one is the original signal with information
to be modulated, in this case an analog audio signal, and the other is a high frequency triangle waveform
generated by a local oscillator. The comparator compares these two signals and outputs either ”high” or
”low”, depending on which of the two inputs has the larger amplitude at that instant. If the audio signal is

11



larger than the triangle wave, then the comparator outputs ”high”, and if the triangle wave is larger than
the audio signal, the comparator outputs ”low”. Since the triangle wave is periodic, the amplitude of the
audio signal will determine the length of time the comparator sustains one output, and thus, the amplitude
of the audio signal controls the width (or more precisely, the duty cycle) of the pulses, effectively encoding
the amplitude of the input signal [11], see Figure 6.

Figure 6: PWM signal. The audio signal, Vin, is compared within the amplitude of the triangle waveform, Vtriangle.
The comparator output, VPWM , is a pulse train with varying duty-cycle depending on the amplitude of Vin.

3.4.2 Power Stage

The PWM signal, now representing the audio waveform in digital form, is then fed into a power stage
consisting of two or four pairs of output transistors, often Metal Oxide Semiconductor Field Effect Transistors
(MOSFETs), configured in a push-pull arrangement, see the simplified CDA circuit in Figure 7 below. These
transistors rapidly switch between fully on (saturation) and fully off (cut-off) states in response to the PWM
signal, amplifying and duplicating it, hopefully without distorting the pulses. These pulses then pass through
an LC low pass filter which reconstructs the analog input signal by simply filtering out the high frequencies
present in the pulses while preserving the low frequency audio signals encoded in the duty cycle. The instant
output voltage can be described by the following relation [12]:

Vout =
Wpulse

Tpulse
Vsupply (7)

Where W is the width and T is the period. The fraction, W
T , is the duty cycle which will vary between 0%

and 100%, and thus the output voltage will vary between 0 and Vsupply.

While not depicted in Figure 7, most CDAs incorporate a feedback network connecting the output stage to
the comparator. This feature aims to mitigate Total Harmonic Distortion (THD) caused by non-linearity
and dead-time inherent in the open-loop configuration of the output stage. [11]
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Figure 7: Simplified schematic of a Full-Bridge Class-D Amplifier.

3.5 Loudspeaker Anatomy

Loudspeakers as a concept are presumably well known to the reader, however some basics of loudspeakers has
to be covered in order to comprehend future problems. In a nutshell, loudspeakers are devices that convert
electrical signals into sound waves, in other words, an electroacoustic transducer. The basic elements required
in an electroacoustic transducer is a motor, which converts electrical energy into mechanical movement, a
diaphragm, which converts the mechanical movement into acoustic waves and a suspension which, as the
name suggests, suspends the diaphragm and allows it to oscillate as desired [13], see Figure 8.

The most common type of transducer used today is an electrodynamic transducer [13], and it is the type
of transducer of which this work will focus upon. In this type of transducer the motor consists of a tightly
wound coil of wire, known as a voice coil, that sits within the magnetic field of a permanent magnet.
When an electrical signal is applied, current flows through the voice coil, creating a varying magnetic field,
which interacts with the static magnetic field supplied by the magnet, resulting in a time varying force that
mechanically moves the voice coil.

Attached to the voice coil and following its movement is the diaphragm. The most common type of diaphragm
used is a cone shaped paper diaphragm [13]. As the diaphragm moves, it compresses and rarefies the air in
front of it, creating sound waves that correspond to the original electrical signal applied to the voice coil.

Figure 8: Cut through of an electrodynamic transducer with a cone shaped diaphragm. 1: The permanent magnet.
2: The voice coil. 3: The suspension. 4: The diaphragm. Image from [14].
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The frequency of the electrical signal determines how fast the voice coil moves back and forth, thus controlling
the pitch of the sound produced. The amplitude (or intensity) of the electrical signal controls the amplitude
(loudness) of the sound waves. However, the signal will not be perfectly reproduced over the entire frequency
spectrum because of the complex mechanics of the enclosed speaker system. Every mass-spring type of
system has a resonant frequency, fs, as will an electrodynamic transducer system. At this frequency the coil
will vibrate at its full range and speed and generate its highest counter-electromotive force, the electrical
impedance of the speaker will thus be at its maximum. Beyond this frequency the impedance will decrease
rapidly until it reaches its local minimum from which the impedance will increase with frequency [15]. This
behaviour can be understood by considering the voice coil as an inductor with its impedance formula as

Z = jωL = j2πfL (8)

where L is the inductance of the coil and f is the frequency. The electrical impedance of an electrodynamic
transducer can therefore be visualized as in Figure 9 below.

Figure 9: The usual appearance of the impedance versus frequency curve for an electrodynamic transducer. The
peak is at the resonant frequency of the system, fs. Image from [16].

3.6 Sound

A loudspeaker’s purpose is to produce sound, and while the theory behind a loudspeaker’s acoustic repro-
duction is relatively complex, the basics of a sound generation is quite straightforward. At its core, acoustic
sound is the result of mechanical disturbances in a medium, typically air, which travel in the form of longi-
tudinal waves. The disturbances are swift periodic fluctuations in pressure, both positive and negative, in
relation to the static pressure, see Figure 10. As most periodic fluctuations, these waves exhibit characteris-
tics such as wavelength, frequency, amplitude, and harmonic content, all of which contribute to the auditory
experience [17]. It is beneficial to explain some of these physical concepts briefly in order to attain some
understanding of figure of merits for speakers to eventually be able to evaluate the results of the project.

To begin with, the zones of pressure which serve as the foundation of sound can be measured in terms of
Pascal (Pa). The very softest sound a human can perceive is in the order of 20 µPa, while the very loudest
sounds, that easily shatters an eardrum, can reach beyond 20 kPa. It is terribly inefficient to use this linear
number system for the intensity of sound. Instead, a logarithmic system is often used, known as the decibel
(dB). A Bel, in words, is the logarithm of the ratio of two powers, or, more commonly, expressed as decibel:
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dB = 10 log
p2

p20
= 20 log

p

p0
(9)

Where p is the measured pressure and p0 is the reference pressure. The two pressures are as mentioned in
the unit of Pascal, and they are thus squared in order to be expressed as a power. Using two logarithmic
laws, the square can be moved outside the logarithm to simplify the formula. When the softest perceivable
sound, i.e 20 µPa, is used as the reference pressure and the measured pressure is expressed in its RMS value,
the decibel measurement is known as Sound Pressure Level (SPL). SPL is a very common figure of merit for
any speaker, often measured through the entire auditory frequency span, 20 Hz to 20 kHz, which provides
a speaker’s frequency response curve. A human can thus perceive sounds from 0 dbSPL up to and above
the threshold for pain at around 140 dBSPL, where normal speech levels are at roughly 60 dBSPL [18], see
figure 11.

Another integral figure of merit is Total Harmonic Distortion (THD). Acoustic sound from complex sources
(such as speakers and amplifiers) often contains harmonics, which are additional frequencies that are integer
multiples of the fundamental frequency, 2f, 3f, 4f, and so on. THD is a crucial metric in evaluating the
fidelity, or purity, of audio reproduction systems. It quantifies the extent to which a system introduces
harmonic components not present in the original signal. THD is expressed as a percentage, calculated by
dividing the RMS of the harmonics by the RMS of the original signal:

THD =

√
V 2
2f + V 2

3f + V 2
4f + ...

Vf
(10)

THD is a non-standardized specification, the above is the IEEE definition, and is therefore often unreliable
to be used in comparisons between manufacturers. But measurements performed in a the same setup and a
closed system can give valuable information on the distortions. Another, more reliable, specification is Total
Harmonic Distortion plus Noise (THD+N):

THD+N =

√
V 2
2f + V 2

3f + V 2
4f + ...+N

Vf
(11)

In this measurement the noise from system sources such as ground loop hum or outside sources such as high
frequency interference is taken into account in addition to the distortion [19].

Figure 10: An interpretation of how sound can be visualized. A speaker produces periodic zones of high and
low pressure which can be perceived the human auditory system. The pressure zones can be measured as waves of
amplitude in time.
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Figure 11: Human hearing range in frequency and intensity. Figure from [18].

3.7 Boost Converter

A Boost Converter (BC) or step-up converter is a type of DC-DC switching converter. It works by increasing
the voltage from the input to the output while simultaneously decreasing the current to keep the power
consumption constant.

A simplified schematic of a boost converter can be seen in Figure 12. It contains an inductor, a diode, a
capacitor and a switch (implemented as a MOSFET in this case).

To step-up the voltage the transistor alternates between conduction and not. When the transistor is on,
current will flow through the inductor and transistor, see Figure 13a. The transistor is then turned off, see
left half of Figure 13b. Because the inductor, L, has an inherent tendency to resist changes in current it
cannot abruptly stop the current flow. The response from the inductor is that a potential difference, vL, is
formed over the inductor in addition to the input voltage, Vin. This produces a current that flows through
the diode to the capacitor, C, and load, RL, and charge is stored in the capacitor. When the transistor is
again turned on the diode will be reverse biased, which means that the capacitor can only discharge through
the load, see right half of Figure 13a. [20], [21]. It is important to note that a boost converter will consume
small amounts of power during operation, which must be taken into consideration.

The duty cycle, D, determines the partial time, TON , when the switch is on (short circuited) from the total
time, T = TON + TOFF [22][23].

D = TON/T (12)

In the first case, when the transistor is on, the diode can be considered to be an open circuit. The transistor
will be on for a time of TON = ∆t = DT and if VL is the voltage over the inductor L, Kirchhoff’s Voltage
Law gives:

VL = L
diin
dt

= L
∆iin
∆t

= Vin ⇒ (∆iin)ON =

(
Vin

L

)
∆t =

(
Vin

L

)
DT (13)

In the second case, when the switch is turned off (open circuit). The total time when the switch is turned
off is TOFF = ∆t = (1−D)T . Neglecting the voltage drop across the diode, KVL gives:
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VL = L
diin
dt

= L
∆iin
∆t

= Vin−Vout ⇒ (∆iin)OFF =

(
Vin − Vout

L

)
∆t =

(
Vin − Vout

L

)
(1−D)T (14)

Over a complete cycle, the net charge of the inductor L must be equal to zero, which gives:

(∆iin)ON + (∆iin)OFF = 0 ⇒ Vout

Vin
=

1

1−D
(15)

From Equation (15) the output voltage from the BC can be controlled by the duty cycle D of the switch.
Due to variations in load and input voltage over time, BCs typically incorporate a feedback mechanism that
adjusts the duty cycle to maintain a consistent and steady output voltage. Be aware that these calculations
disregard the voltage drop across the diode, which slightly alters the conditions.

Figure 12: Schematic of a DC-DC Boost Converter. The boost converter performs a voltage step-up and simulta-
neously decreases the current.

(a) Closed: Current flowing from vin through L, simulta-
neously C is discharged through RL.

(b) Open: The combined current from source Vin and L
is flowing towards RL and charging C simultaneously.

Figure 13: Schematic of the two operating modes.

3.8 Regulation

In order for the Power Amplifier utilize the powerbank effectively and operate properly, the new power circuit
containing the powerbank must be regulated. This regulation depends completely on how the powerbank is
integrated in to the circuit. Both the power output from the powerbank and the power input (charging) of
the powerbank must be regulated accordingly.

3.8.1 Regulating on a switching circuit

By utilising a switch, the circuit can select power supplies individually. In the case of this project the power
supplies are the PoE and the powerbank. The switch chooses the source depending on an applied control
signal u(t). Because the switch only switches between two outputs y(t) the control signal also only needs
to toggle between two values. A regulator that works according to this principle is the ON/OFF-regulator
[24]. Figure 14 shows the relationship between the control signal u(t) and the output signal y(t) for an
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ON/OFF-regulator implemented with a hysteresis. The hysteresis helps to avoid oscillations around the
switchover point and improve stability.

Control Signal u(t)

OFF

ON

O
ut

pu
t S

ig
na

l y
(t)

On/Off-regulator with hysteresis

Figure 14: Operation of ON/OFF-regulator with hysteresis.

Due to the short peaks in audio signals a pure ON/OFF regulator might not work for this project, because
it would require very fast switching. An alternative implementation of the ON/OFF-regulator might be
required.

3.8.2 Regulating the charger

While utilising a switching circuit that switches between the PoE and powerbank, the charging process of the
powerbank must be regulated properly. The power required by the charger must be supplied from the PoE.
When the powerbank is actively driving the circuit, it might not be possible to charge it simultaneously.
When the PoE alone is powering the circuit, It is crucial to ensure that the charger is not drawing power
needed by the PA, but rather utilizing any surplus power that the PA is not using, that is: Pcharger ≤
Pmax−PPA. The power currently being utilized by the PA (PPA) can be estimated by measuring the current
flowing into it.

Developing an appropriate regulator for the charger is a complex task that exceeds the scope of this project,
given the time constraints. However, a potential alternative solution utilizing the charger will be presented,
see Section 6.1.3.

3.9 Powerbank Types

To increase the power output by switching to a new source, the new source must be able to deliver more
power than the PoE on its own. This places certain demands on the type of powerbank and the technology.
In addition to this, the powerbank may be required to charge/discharge at a certain rate depending on how
often the power source is switched without significantly reduce its lifetime. Also, every battery has a rating
which determines how fast the battery can be charged or discharged, putting further constraints on choice
of chemistry.
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3.9.1 Rechargeable Battery Technologies

Ni-MH:
The Nickel Metal Hydride battery is a battery technology with a chemical reaction similar to the older Nickel
Cadmium technology, but with higher capacity and without memory effect [25], [26]. The memory effect in
rechargeable batteries occurs when regularly recharging a battery after partial discharge leads to a gradual
reduction in its maximum energy capacity. However, the life expectancy is rather low in harsh conditions
and they generate more heat than Ni-Cd during charging which increases the charging time. The nominal
voltage of Ni-MH cells are 1.2 V.

Li-Ion:
There are various Lithium Ion Battery technologies based on different chemistries [25]. Typically, Li-Ion
batteries exhibit a very high charge density, surpassing that of Ni-MH batteries. They do not experience
memory effect and do not need to be fully discharged before being charged again. It can undergo numerous
charge and discharge cycles before its lifespan is diminished. The nominal voltage of Li-Ion batteries is
notably high, ranging from 3.2 to 3.8 V depending on the specific chemistry. Among these, Lithium Iron
Phosphate (LiFePO4) batteries boast the highest current rating. Improper handling of Li-ion batteries can
lead to complications, for example, discharging a cell below approximately 2.4 volts can trigger irreversible
oxidation reactions that degrade capacity. Similarly, forcing current into a fully charged cell can also diminish
its capacity. Li-ion batteries are also slightly more expensive and has higher internal resistance compared to
Ni-based batteries.

Supercapacitors:
For fast charge and discharge cycles, supercapacitors are a more efficient alternative to batteries [27]. Su-
percapacitors have larger capacitance and energy storage capacity than normal capacitors, but lower than
batteries and can deliver charge much faster than batteries. A downside with supercapacitors is their gen-
erally lower nominal voltage and still significantly lower capacity compared to batteries, leading to rapid
voltage fluctuations during charge and discharge. This characteristic makes them unreliable and difficult to
employ in situations where stable power delivery to a system for an unspecified duration is needed.

3.10 Charger

To use rechargeable batteries without manually removing them and charging them, a charger must be
implemented into the product. How the charger works, and which technique it utilizes, depends on the
battery type and how it will be used.

3.10.1 Constant Current - Constant Voltage

The Constant Current - Constant Voltage (CCCV) technique is a very useful technique for charging Li-
ion batteries. The charging process begins with a trickle-charging stage with a low current (∼ 0.1C). If
the battery is very drained this initial step is particularly important. The battery is then supplied with a
constant current (CC) where the voltage of the battery increases. When a voltage specified by the battery
manufacturer is reached the charging is switched to constant voltage (CV). Here the battery is supplied
with a constant voltage while the charging current into the battery is gradually decreasing. The charging
stops when the current falls below a predefined limit. [28]. The CCCV technique contributes to a longer
battery life and it helps to protect the battery from overcurrent and overvoltage. As a comparison, Ni-MH
is normally not charged with CCCV and requires a more complicated charging technique [29].

3.11 Battery Management System

A Battery Management System (BMS) is a smart system that monitors many different parameters of a
battery like State-Of-Charge (SOC), State-of-Health and more. The final product will probably require an
implementation of a BMS but these can be very complicated and due to the limited time of this thesis
project we won’t delve into them extensively.
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4 Discovery of project direction

In the ”Discover” sub-phase, the subject is examined from a broad perspective, allowing for the identification
of related problems.

4.1 Identifying problems

During the first phase of the thesis work the aim was to identify what different types of power related
problems are present in a PoE driven class-D amplifier speaker system. This was done by researching PoE
systems, CDAs and loudspeakers, much of which is presented in the theory section. Many simulations and
measurements were also performed in order to more thoroughly understand where issues can appear. Four
different types of power related problems have during the ”Discover” phase been identified in CDAs and will
be described below. These are:

• Clipping of output signal due to mismatched PWM inputs.

• Compression of output signal due to high crest factor on input signal.

• Clipping of output signal due to power supply ripple.

• Clipping of output signal due to low impedance on load.

4.2 Clipping of output signal due to mismatched PWM inputs

As described in Section 3.4, the CDA functions by amplifying a PWM signal generated by a comparator.
Within the width of the pulses lies information on the amplitude of the input signal. When the amplitude
of the input signal is higher than the triangle wave the comparator outputs high, and when the amplitude
is lower, it outputs low, creating pulses where the width reveals how long the input has been larger than the
triangle wave, see Figure 15a.

An issue that theoretically can occur is that the maximum amplitude of the input signal is larger than the
maximum amplitude of the triangle wave. This will cause the comparator to overlook important information
regarding the amplitude change of the input signal and effectively cut the output peak of the amplifier, see
Figure 15b.

However, while this is a very real issue that can occur, it is also very simple to avoid. Essentially the only
thing that is required to avoid any faults originating in the PWM is to set a hard limit on the amplitude of
the output signal of the DAC (input to PWM) to ensure it never exceeds the maximum amplitude of the
triangle wave.
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(a) Vin within the amplitude of Vtriangle. No input clipping occurs.

(b) Vin has a greater peak amplitude than Vtriangle. Input clipping occurs! Notice that the pulse maintains its high value for
too long.

Figure 15: If the input signal, Vin, has greater peak amplitude than the maximum value of the triangle wave,
Vtriangle, the output PWM signal, VPWM , from the comparator will be saturated at the peaks and information from
the signal will be lost. The signal will be clipped after exiting the power stage.

4.3 Compression of output signal due to high crest factor on input signal

A related issue to previous Section 4.2 has to do with how the input signal is limited before it reaches the
amplifier. As explained in Section 3.3.1, many audio DSPs compress the audio signal to some extent, usually
depending on the crest factor. In most cases this is beneficial, allowing a higher output volume without
interfering with the natural dynamics of the sound. But some signals are inherently very dynamic and
posses a high crest factor, such as speech. In these cases, if the compression is too aggressive, the speech will
sound flat, and it is more beneficial to allow the high peaks remain, which either results in a lower overall
volume, or demands a higher output power. In Figure 16 a compressed audio signal (yellow) is compared
to its non-compressed version (blue). The problem arises when a signal is inherently very dynamic. Then
the high peaks limits the amplification of the low peaks, or the high peaks will be clipped. Because of this,
the signal must either be compressed before amplification, or the high peaks needs an increased maximum
power ceiling.

21



Figure 16: Compression of an audio signal.

4.4 Clipping of output signal due to power supply ripple

Since a CDA operates between supply voltage and ground, the amplifier output will be susceptible to
deviations in power supply voltage [30]. Any fluctuations in supply voltage will propagate to the output
through the pulse train and appear as ripple at the amplified pulse train peaks. Figure 17 shows a simulation
where a simple (but exaggerated) sine wave is added to the supply voltage as ripple. The pulses will peak
at the ripple and not the preferred supply voltage. This sinusoidal appearance will then appear at the audio
output as well, attenuating and amplifying the signal corresponding to the ripple. However, ripple does not
necessarily appear as a sine wave.

Figure 17: Voltage ripple on the supply rail (Exaggerated).
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4.5 Clipping of output signal due to low impedance on load

An ideal voltage source will always deliver the required amount of current to keep its voltage constant, this
current can thus be infinitely high. In reality, no such sources exist, and the current is always limited to
the maximum power capacity of the source. The effect of this becomes apparent when the voltage source
is connected to a very low load. Due to the limited power capacity, the voltage source will not be able to
deliver the amount of current required and as a result the voltage provided by the source will drop. This
becomes apparent from ohm’s law in Equation (16) below.

Pmax = UImax ⇒ U = ImaxZ ↓ ⇒ U ↓ (16)

As seen, if the impedance drops while the current is limited and can not increase, the voltage will drop
instead.

In a loudspeaker the impedance is not constant and will vary with the amplitude and frequency of the signal,
as was discussed in Section 3.5 and can be seen in Figure 9. If the total impedance becomes too low, the
supply voltage feeding the amplifier might not be able to deliver the required amount of current. Because
of this the rail voltage will drop and the signal will be clipped.

Figure 18 shows a simulation of how the output voltage is distorted (soft clipped) when the current is limited
for a 1 kHz sinusoidal signal compared to a signal with an ideal source.

Figure 18: Effect of limited current on the output voltage and output current (right) compared to the unlimited
output.
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5 Definition of project focus, goals and restrictions

In the ”Define” sub-phase the main problem of the project is defined and the focus, restrictions and goals are
established.

5.1 Project focus

In the previous section most of the power related issues that can arise in a CDA were explored. While all
of them are relevant, a deliberate decision was made to focus exclusively on mitigating the issue related to
the ”clipping of output signals resultant from low impedance on the load” within the scope of this project.
This choice was informed by the significant impact that resolving this issue can have on speaker system’s
performance. Additionally, time constraints necessitate focusing efforts on addressing only one concern
rather than attempting to tackle all identified issues simultaneously.

The ”clipping of output signal due to mismatched PWM inputs” issue is assumed to be solved already
within the DSP of a complete audio system by limiting the output signal amplitude from the DSP. A
similar argument can be made for the ”power supply ripple” issue; The reduction of power supply ripple
is an important topic for the quality of audio products. The whole project could be spent investigating
and lowering power supply ripple, however it is assumed that a complete audio system has the necessary
hardware and software in place to reduce the power supply ripple enough, hence this will not be the focus of
the thesis. The ”compression of output signal due to high crest factor” is a relevant topic for the project, but
more of a secondary benefit than a primary focus. If the available power at the amplifier can be increased,
then it is possible to improve on the software which compresses the audio to allow for a more dynamic
reproduction.

5.2 Goals

The primary goal of the project will, as mentioned, be to increase the available power at the amplifier
whenever the load temporarily requires a higher power. In its simplest form this could be done by simply
running the amplifier from a powerbank source with higher output power than available from the PoE, and
then charge the powerbank from the PoE whenever the speaker is not in use, as illustrated in Figure 19a
and done in [31].

However, a more challenging approach would be to regulate the secondary source to only be available at
the time instances when a higher output power is required, i.e. only increase the power at the peaks of the
output signal, as seen in Figure 19b. There are several ways this could potentially be done, many of which
are explored in the following section.

In order to evaluate the developed system, some figure of merits have to be measured, and have not necessarily
improved, but at least not worsened. A few of the desired goals are:
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• Higher possible SPL while driven by secondary source.

• Unaffected THD while driven by secondary source.

• ”Seamless” transition between power supplies.

• Functioning algorithm for switching.

• No audible clicks, pops or other artifacts.

Other important merits certainly exists but will not be considered as important as the above. These are:

• Functioning algorithm for charging.

• Lifetime

• Cost

• Size

5.3 Restrictions

The scope of the work has to be narrowed with regards to the limited time frame. Therefore, some restrictions
are imposed, many of which have already been mentioned previously in the report. The restrictions are the
following:

• The work will only consider Class-D amplifier systems.

• The work will only consider PoE Type 1 Class 3 systems.

• The available power to the audio amplifier from the PoE will be limited to 7W.

• All measurements will be made on a Texas Instruments TPA3129D2 amplifier.

• All final measurements will be done using Audio Precision audio analyzer system.

• No custom made components/circuits.

As previously mentioned loudspeakers powered by PoE have limited power capacity depending on the specific
PoE-class. As can be seen in Table 1, the lowest class (Type 1) can deliver a maximum power of about 12.95
W to the PD. This work will be directly targeting applications that utilizes Type 1 PoE in order to narrow
the scope, but can in theory be applied to higher PoE classes as well.

In addition to this limited power capacity, the speaker and its sub components can not take advantage of
the full power range, since in most PoE systems, there are other electronic parts that require power as well.
For this work it is assumed that roughly half of the power is partitioned for other components of the PD,
leaving 7 W available for the amplifier to use. This is an important limitation to set in order to evaluate
how much more power can be delivered in the end.

All components used in the prototype will be bought from a supplier, already mounted on evaluation modules
(EVM) to save time. These EVMs are meant to only evaluate components and not to use for real testing or
demanding use. They can therefore put some constraints on the prototype, mostly by affecting measurements
since EVMs are not meant to be used in conjunction and are not matched nor optimized for the application.
In a finished product it would be greatly beneficial to produce a custom Printed Circuit Board (PCB) for
all components, which is not within the scope of this project.
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(a) Use powerbank for entire audio signal.

(b) Switch between sources when the audio requires higher output power.

Figure 19: Two ways to switch between sources.
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6 Development of a potential solution

During the ”Develop” phase, different methods and solutions are examined and tested. This section is mostly
a chronological summary of the development process, ideas, trials and errors, measurements and theory.

6.1 Potential solutions

The very first course of action after localizing and defining the problem was to draft potential solutions or
improvement. The basic concept of solving the power issue is to simply add a powerbank to the amplifier
that can supply the amplifier with the extra required power, see Figure 20.

However, it is of course not as easy as just connecting a battery to the supply. Power combining requires
advanced circuitry, and it can be done in a multitude of ways. Three principally different ways have been
identified as potential solutions and are explored below. These three are OR-ing, Switch and Hybrid.

Figure 20: Powerbank solution block diagram.

6.1.1 OR-ing

OR-ing in electronics refers to the practice of combining multiple power supplies to enhance reliability
and ensure uninterrupted operation of circuits, especially in applications where reliability is critical. This
technique involves connecting power supplies in parallel to share the load and provide redundancy, see Figure
21, meaning if one power supply fails, others can continue to provide power [32], [33].

One common method to achieve OR-ing is by using power ORing diodes, typically Schottky diodes, placed
on the output side of each power supply, see Figure 22. These diodes serve as a barrier between the power
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supplies, preventing a failed or shorted supply from disrupting the operation of others. If a power supply
fails, its voltage drops to zero, and without protection, it could potentially short-circuit other connected
supplies. The power OR-ing diodes prevent this by isolating each power supply from the others.

The advantage of using Schottky diodes lies in their fast reverse recovery time and lower forward voltage
drop compared to conventional diodes, which ensures efficient operation. Unfortunately, diodes present an
inherent issue with a voltage drop of approximately 0.5 V, leading to an increase in dissipated power. An
alternative approach involves employing MOSFETs to create so-called ideal diodes [34].

Load sharing is another crucial aspect facilitated by OR-ing in electronics. When multiple power supplies
are connected in parallel, the load is distributed among them based on factors like the forward voltage drop
of the power OR-ing diodes and the voltage difference between the supplies. Essentially, the majority of the
current is drawn from the supply with higher voltage and lower forward diode voltage drop [35].

In scenarios where increased current capacity is required, redundant power supplies with active load sharing
capabilities are preferred. Active load sharing involves communication between the power supplies to adjust
their output voltages, ensuring that each supply delivers the same current. This way, the load is evenly
distributed among the supplies, maximizing efficiency and reliability.

Applying this to a speaker system fed by PoE and a powerbank in parallel seems plausible and effective,
but it does come with some challenges. In order for a passive load sharing OR-ing setup to work the PoE
would need to supply a higher voltage than the powerbank which could restrict the power output of the
powerbank. Charging the powerbank also presents complications, since the two power sources are isolated
from each other by the diodes the PoE can not deliver current to the powerbank and complex circuitry and
communication between sources would be needed to facilitate charging.

Figure 21: Block diagram of a power combining solution in an OR-ing configuration.

Figure 22: Simple Diode OR-ing
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6.1.2 Switch

One of the most basic ways to combine power, or rather select a power source is via a switch, see Figure 23.
Mechanical switches, though reliable, are for this application too bulky and slow. Instead, electrical switches
would have to be utilized. One type of electrical switch is a Power Multiplexer (MUX), which facilitate the
switching or combining of power from multiple sources. Typically, a MUX features two or more inputs for
connecting separate power supplies and one output.

When transitioning between two sources, there are two main methods to ensure no reverse current flows
through the unused source. The first method, known as ”Break-Before-Make,” involves completely switching
off the supply path from the first source before activating the path from the second source. This prevents any
direct path between the two sources during the transition. However, it results in a temporary interruption
of power delivery to the load, requiring measures to ensure continuous operation during this period [36].

The alternative approach is a ”Make-Before-Break” transition, where the path from the second source is
opened before closing the path to the first source. Reverse current into the first source is prevented by
other methods, such as OR-ing. This method ensures continuous power supply to the load without any
interruption, making seamless switching more straightforward to achieve [36].

A MUX is a possible contender to combine the two power sources. It also provides possibilities to charge
the powerbank from the PoE if the switching is configured in a way that connects the powerbank to the PoE
when it is switched off. However, two major concerns are present in this potential solution. The first one
being the speed of the switchover event; if the MUX can switch to the powerbank fast enough to provide
enough power or not. The second concern being if the output voltage drops too low at a switchover, which
would in all probability be audible, since a loudspeaker provides the load. Another minor concern is the
longevity of a MUX that is switched often and hard.

Figure 23: Block diagram of a power combining solution in a switch configuration.
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Figure 24: Simple schematic of a power multiplexer (MUX). The output VOUT can be switched between VIN1 and
VIN2 by a Control Signal.

6.1.3 Hybrid

The main idea of the hybrid configuration is to use the PoE and powerbank simultaneously through a
powerbank charger, see Figure 25 and 26 below. When the PoE itself cannot deliver enough power to the
system, the powerbank contribute with the extra required power that the PoE cannot deliver.

The hybrid solution presents a challenge when working with PoE systems. PoE systems themselves are not
power-limited, meaning they will simply shut down if excessive power is drawn. In order to use PoE in
a hybrid configuration, a current or power limiter must be included. Otherwise, the PoE will attempt to
deliver the excess power instead of allowing the powerbank to handle it, which can lead to shutdowns if too
much power is drawn for an extended period.

Figure 25: Block diagram of a power combining solution in a hybrid configuration.
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Figure 26: Simplified schematic of the hybrid solution. Power combining using only the charger.

6.2 Switch/MUX prototype

The most promising idea after careful consideration and discussions with supervisors was to utilize a MUX,
leading to a decision to prioritize this solution while keeping the option open to explore others if time
permitted. This decision was made partly because the solution seemed very reliable and feasible, and partly
because it seemed a lot more fun. The initial step involved researching available power multiplexers on
the market that fulfilled specific criteria, such as input and output voltage range, switchover time, and
voltage drop. Additionally, potential complementary components, such as boost converters and chargers,
were investigated. Upon identifying potential candidates for all components, an order was placed. After
receiving the components, several preliminary measurements were conducted on each component to assess
their performance and determine if they were suitable for the task or imposed any limitations on the solution.

6.2.1 Amplifier

As previously mentioned, all measurements will be conducted using the TPA3129D2 amplifier. This is
mainly due to already having access to a unit as well as its corresponding evaluation module. The amplifier
was first measured with a static load in order to find the same clippings as was observable in the simulations.
This was done by powering the amplifier with a power supply unit (PSU) with variable voltage and current
settings. The amplifier was simultaneously fed with a sine wave and an oscilloscope was probing the input
and output in order to observe the clippings, see Figure 27a. Just as in the simulations, the current from the
PSU was limited while the amplitude of the sine wave was continuously increased until the amplifier began
to cut the peaks of the output signal, see Figure 27b.

This clipping effect is the primary problem as presented in Section 4, and its existence is therefore vital to
the solution, since without the problem there is no solution. The amplifier is a Class-D amplifier, rated for
a maximum supply voltage at 26 V at the power stage and a maximum output power of 30 W to a 8 Ωmono
load. Since the maximum output power is 30 W in mono, and the maximum power delivered to the PA
is only 7 W, as determined in Section 5.3, the amplifier is in practice able to handle a much higher input
power. This is where the powerbank enters the conversation. When the PoE can not deliver the current
that the signal requires and the amplifier clips the signal, the amplifier is instead fed by a powerbank which
can supply the required current to avoid clippings.

31



(a) Not current limited - Accurate amplification.

(b) Current limited - Clipping Occurs!

Figure 27: Measured Output Vout and Input signals Vin from the amplifier (TPA3129D) when the current from
the supply is not limited and limited. The power is supplied through the MUX (TPS2121) to the amplifier and the
input signal is a 1 kHz sinusoidal.

6.2.2 MUX

In order to switch between the two power supplies a Power Multiplexer (MUX) was used. The MUX used
was Texas Instrument TPS2121. It has two inputs, both possible to operate between 2.8 V and 22 V. The
MUX can be run in two modes, either with automatic switchover or manual switchover. The automatic
mode senses and selects which input source has the highest voltage, while in the manual mode it can be
controlled for source selection using an external signal, which makes it a suitable choice for rapid and precise
regulation. Since the automatic mode is essentially OR-ing, the MUX will only be run in manual mode for
all tests and measurements.

The TPS2121 also has a fast switchover function, which can be activated in both automatic and manual
mode. Fast switchover allows for faster transitions between input sources under the right conditions. The
measurement in Figure 28 illustrates the switchover time for the MUX between two sources and demonstrates
the improvement fast switchover provides when a logic control signal of 1 kHz is applied to the MUX. As
seen, it noticeably speeds up the transition from VIN1 to VIN2. However, the rate of switching back from
VIN2 to VIN1 remains largely unaffected. The switchover time ultimately depends on the output load, as
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such it is difficult to determine an exact switchover time. Texas Instruments reports a switchover time (with
fast switchover enabled) of 5 µs during peak conditions [37], while the fastest measured switchover time
using an oscilloscope and 8 Ω load was closer to 200 µs. This number can surely be reduced, but since only
EVMs are used and the load varies with the speaker, it is redundant to try to optimize it. Additionally, as
will be seen later, a switchover time in the hundreds of microseconds is fast enough.

Figure 28: Plot of the MUX output voltages for fast switchover mode (blue) and normal mode (red) when the
control signal is a 1 kHz square wave (yellow).

6.2.3 Boost Converter

The task of the MUX is only to switch between the PoE and the powerbank and will output whatever voltage
and current the selected source provides. The PoE supplies a fixed voltage of around 12 V to the amplifier,
while the powerbank has its own variable voltage. For instance, a powerbank composed of multiple Li-Ion
battery cells in series, each at 3.6 V, can output only specific voltage levels like 3.6 V, 7.2 V, 10.8 V, and
so forth. Moreover, the powerbank’s voltage may fluctuate during use based on the State Of Charge (SOC)
and during fast current fluctuations.

These voltage differences between the sources can potentially pose problems and lead to unpredictability
when used for audio systems. When the MUX switches between the supplies and the output voltage rapidly
drops or increases on the power rail to the PA (Power Amplifier), it can result in audible noises such as
”pops” and ”clicks.”

To address this issue, a Boost Converter (BC) can be positioned after the MUX and before the PA (see
Figure 42 in the previous section). The BC raises and stabilizes the voltage to, in this case, 24 V for a
range of input voltages. As a result, the PA will always receive a stable 24 V supply regardless of which
power source is active. By nearly doubling the output voltage, we increase the total available output voltage
to the load. However, it is important to note that the BC reduces the maximal available current for use,
which means that the maximal power limit Pmax is more easily achieved. This is of no concern if we use a
powerbank with a high enough power capacity.

The boost converter used is Texas Instruments TPS61377, working in forced PWM mode, and its associated
EVM. It has an input voltage range 2.9 to 23 V, and an output voltage range of 4.5 to 25 V, which sits
nearly within the operating range of the system. The most important part to evaluate in the BC is whether
it drops in output voltage at a switchover event. If this drop is too severe it can cause ”clicks” and ”pops”,
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exactly what the BC is supposed to negate.

Figure 29 depicts measurements from a switchover event. The blue curve represents the output voltage from
the MUX as it switches between two sources (VIN1 = 12 V and VIN2 = 10.8 V). The red curve shows the
output voltage from the BC. It is evident from the plot that the output from the BC remains relatively stable
during the switchover event, with only a small drop of approximately 50-100 mV from 24 V observed, which
is an acceptable drop. Tests demonstrated that the small voltage drop has no audible effect on the speaker
signal. It can also be noted that the red curve is more magnified than the blue curve, giving the appearance
of higher noise levels. While the output of the BC may indeed be slightly noisier, it is not significantly more
noisy.

While the BC aids in increasing and stabilizing the output voltage, the fact that it consumes a small amount
of power must be taken into consideration. The BC operates with an efficiency of up to 96%, implying that
more than 4% of the power may be lost during its operation [38], and also has a quiescent current of 70 µA.

Figure 29: Voltage ripple at the boost converter’s (BC) output during a switchover event. The blue curve shows
the output of the MUX or input to the BC. The red curve shows the output voltage from the BC.

6.2.4 Switching algorithm

During development and testing of the prototype the switching of the MUX was controlled by an Arduino
device through serial communication from Python code. The Python code itself contains an algorithm that
sends a signal to the Arduino to toggle a switch depending on an analyzed audio signal. A Raspberry Pi
was later set up to replace the Arduino, the only difference being that the Raspberry Pi runs the Python
code directly making it more efficient and removes the step of serial communication.

The software algorithm is responsible for analyzing the incoming audio. The audio can both be a live stream
from a microphone input or a wave-format audio file depending on how the program is preset. The code
divides incoming audio data into chunks which consists of a predefined number of samples but is adjustable
and can be increased in millisecond steps. The incoming audio is handled and analyzed one chunk at a
time. If any sample in the current chunk (n) exceeds a predetermined threshold, that whole chunk will be
marked as a boolean logic ”true”. This threshold has been an arbitrary value for testing but will require
more attention in the future, see Section 6.2.5. The four latest chunks and their associated boolean states
are saved in a list so that the previous chunk (n− 1), the current chunk (n) and two chunks ahead (n+ 1,
n + 2) are available. It’s important to note that n + 2 is the latest analyzed chunk in the algorithm but
will not be delivered to the amplifier in two iterations. The algorithm therefore has an inherent delay of
two time-chunks in order to have enough time to be processed, something that in all probability will not be
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noticeable due to the very short size of the chunks. The boolean variables associated with all four chunks
(Vn−1, Vn, Vn+1, Vn+2) are then analyzed together in the following logic function, Equation (17). This
function determines if the algorithm should send a switch command to the MUX so that it switches to the
powerbank as the power supply, or oppositely switch to the PoE.

SWn = Vn−1 + Vn + Vn+1 + SWn−1 · Vn+2 (17)

Here, SWn is the current state of the powerbank, and SWn−1 is the previous, either switched on (true) or
off (false). The result of this boolean function generates the next state of the powerbank, whether the MUX
selects the powerbank or the PoE.

The key aspect of this logic function is that it guarantees that the chunk preceding every ”true” chunk will
also be toggled to true, and one chunk after every “true” chunk is also toggled true. Additionally there can
never be less than two neighbouring chunks toggled “false”. This algorithm was carefully developed in order
to ensure that the powerbank is available for the required time as well as to avoid unnecessary switchover
that can potentially cause stress in the hardware. In Figure 30 below it is visualized how the algorithm
treats the incoming data. The vertical divisions are chunks, 5 ms long and the red dashed line is a threshold
value, any input data that exceeds this value will toggle the chunk true, and a green colored chunk is toggled
true. The length of each chunk is arbitrary in this case and should be set according to the application and
type of signal.

A plot of how the algorithm processes and work with an audio signal can be seen in Figure 30 below.

Figure 30: The result of an audio signal that has been analyzed by the algorithm. The small segments on the
x-axis corresponds to the chunks. The dashed red line shows the threshold for switching. When the signal amplitude
exceeds this threshold the system should switch over and use the powerbank. When this happens the chunk segment
turns green.

6.2.5 Trigger signal

An important part of the algorithm above is to determine what triggers a switchover event, or rather what
toggles a chunk ”true”. In the example above and during most of testing a simple threshold value was used.
This was set to an arbitrary ±15000 of the input value. The audio file is analyzed as 16 bit data type, and
thus has a maximum value of 32767 and minimum value of -32767. A high input value essentially translates
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to high required output power, and thus, for a real world application, it can be important to know what
input value corresponds to what output power to be able to set the limit just below clipping. This is likely to
differ among various speakers and thus needs to be calibrated individually for each one. However, in testing
it is not as important.

The threshold method to determine whether a chunk is toggled true or not was at first used for it simpleness
to implement and use. The idea was to develop the algorithm and triggering signal even further to make
a more complex, dynamic and useful switching function. But after testing it has become more and more
apparent that, despite the simplicity of the threshold method, it still reigns supreme.

Below, in Figure 31, a few other ways to trigger the chunks are plotted. These were attempts to extract
more/other information from the incoming data signal to better determine if the signal warranted a switch
to the powerbank. However, it became clear that much of the information was difficult or unnecessary to
process and evaluate. For example, the red graph represents the derivative of the envelope, or rather how
much the envelope changes between two points. From the graph it looks like a large positive derivative
is a good indicator of an incoming sound with high amplitude, but this is not always the case and some
peaks can easily be overlooked. Moreover, the RMS and envelope of the signal does not add any additional
information or value. Hence, triggering on a threshold value for the data points seems to be the easiest and
best way.
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Figure 31: Different ways to handle the input and determine if the powerbank should be on or off.

Most measurements were performed using an external audio interface to send the audio signal to the amplifier.
Some measurements were also performed using the PCs own internal sound card. While using the internal
sound card a significantly longer delay could be observed compared to when using the external audio interface.
Furthermore, it was observed that the amplitude of the audio signal exhibited a slight increase in regions
where the signals contained more high-frequency components, sometimes higher than the threshold for
switching. However, due to the digital analysis of the signal before its conversion to analog audio, these
amplitude increases were not detected by the algorithm and no switch occurred, even though it should. In
Figure 32, the measurement without an external audio interface shows a peak above the threshold where
the algorithm has not toggled to switch.

To address this issue, an attempt was made to improve the algorithm by performing a Fast Fourier Transform
(FFT) on each of the chunks and thus analyzing the frequency spectrum at the higher frequencies. The FFT
could then be integrated over high frequencies (from 5 kHz to 20 kHz) and compared to a threshold value.
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If the integral value of the chunk exceeded this threshold, it indicated the presence of more high frequency
components, prompting the algorithm to switch accordingly. This solution solved the issue but did add
significant processing time. Although this can probably be much improved, the solution seems redundant
in a complete system since the problem can also be solved by using a better DAC in the audio interface.
Consequently, it was decided to proceed under the assumption that the speaker system incorporates a
sufficiently high-quality DAC to mitigate this issue.
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(a) The same analog audio signal played without (middle) and with (lowest) an audio
interface (an external DAC). Due to the inferior DA-conversion the audio played without
an audio interface has increased amplitude at places where the audio has high frequency
content, thus it appears as though the algorithm has missed a peak, while the actual
signal looks like the one in (b). The top plot shows where the MUX is toggled to switch.
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(b) The same digital signal before being DA-converted. It most closely resembles the bottom plot in
(a) using an audio interface.

Figure 32
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7 Delivery of a prototype

The ”Deliver” sub-phase narrows down the solutions found in the previous phase and focuses on one of them
to design a prototype.

7.1 Prototype design

Figure 33 presents an overview of all the system components in a complete schematic and illustrates a
potential solution. From the PoE, the data and power is directly divided into two separate partial circuits.

In the power circuit, a flyback converter, converts the voltage from the PoE to the appropriate voltage before
entering the MUX. The MUX is controlled by an algorithm to switch between the PoE and the powerbank
as power a source. Subsequently, a boost converter steps up the voltage and stabilizes the output so that
there are no noticeable difference in the potential when the sources are switched. The output of the BC then
drives the PA to output an amplified signal to the loudspeaker.

The audio signal to be amplified is delivered from the data output of the PoE. The signal in the data circuit is
routed through the DSP, which processes the audio, adjusts its volume and prepares it to enter the amplifier.
Additionally, from the DSP the audio signal is extracted and analyzed by an algorithm. The algorithm is a
program that analyzes small parts of the audio waveform called chunks and determines if the MUX should
switchover to use the powerbank to drive the circuit instead of the limited PoE.
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Figure 33: Entire block schematic.

7.2 Prototype measurement results

After each component was measured and evaluated individually, it was time to assemble and measure
the complete system. Figure 34 shows the complete testbench setup for the measurements and how the
components are connected together. The PoE is connected to IN1 and the powerbank is connected to IN2 at
the MUX input. In addition an Arduino, or Raspberry Pi (both have been used), is connected to the MUX
which runs the Python script and selects the input depending on the algorithm output. The output from
the MUX then goes through the BC to the amplifier and out to the load (speaker). The amplifier is also
fed with the same audio signal that the Python algorithm processes. However, when using the Arduino, the
signal route for the data signal has more latency than the power route, resulting in a mismatch between the
MUX switches and audio signal. Therefore, a delay was added in the code to mitigate this during testing.
The latency issue was resolved later by utilizing the Raspberry Pi, which exhibited no signs of latency.
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Figure 34: Testbench setup for the measurements. The MUX outputs to a BC which stabilizes and increases the
voltage into the amplifier and the speaker. The MUX switching is controlled by and Arduino and Python code.

In order to evaluate the prototype several measurements were conducted. All of these measurements were
performed in an anechoic chamber using Audio Precision (AP) hardware and software. They can be divided
into two categories; electrical measurements and acoustic measurements. The difference between the two is
that the electrical measurements demonstrate the behavior electrically ”before” the speaker, and the acoustic
measurements exhibits the response ”after” the speaker, similarly to how a human would perceive the sound.

The first figure, Figure 35, are two electrical measurements of an audio voice signal, both current limited.
One of them (red) is supplied only by the current limited power supply and exhibits heavy clipping. The
other (blue), is supplied by both the current limited power supply and the powerbank with its switching
algorithm. The upper plot displays both the output voltage from the BC, which sits stable at 24 V with
only minimal noise, and the output voltage from the MUX (yellow), which visualizes the algorithm at work.
When high, the powerbank is active and when low, the power supply is active.

The following two figures, 36 and 37, are two amplitude sweeps performed at 1 kHz. The first one is an
electrical measurement across an 8 Ω load. It shows the output RMS voltage versus input RMS voltage.
Figure 37 is the same measurement but with an 8 Ω speaker as the load and the sound pressure is measured
instead of the voltage. The yellow curve has the powerbank active while the red is limited to 7 W.

Figure 38 and 39 are electrical measurements with a 4 Ω speaker as load. A 50 mVrms frequency sweep
ranging from 20 Hz to 20 kHz was sent through different setup combinations of the prototype, and the output
from the amplifier was then measured by the AP to obtain the behavior and response of the system. This
was done in order to visualize any effect each component had on the system, if they introduced harmonics
or noise in any way. The shape of the curve is not particularly important, it originates from the amplifier,
instead, what matters is the difference between the measurements. Since each measurement is made with
an additional component added the hope is to see no difference at all between the measurements. And as
can be seen, there is only a negligible difference. The only component that adds some distortion is the BC,
which slightly alters the appearance for high frequencies. Two measurements were also made while switching
between the two input sources, one switching every 10 ms and one switching every 0.5 s. The same outcome
can be seen here, while rapidly switching, there is no visible electrical difference between measurements.

Figure 40 is a similar measurement but acoustic, performed in the exact same way, except the input to
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the AP device comes from a microphone instead of the amplifier output. The left graphs shows the SPL
frequency response of the speaker, and the right hand side graphs are spectrograms which are essentially
a heat map of the frequency response over time. The same principle applies here, the shape of the curves
are not of importance, they are directly related to the speaker and microphone. The interesting part is
that there is no difference between Figure 40a and 40b, despite the measurement in Figure 40b is switched
between PSU and powerbank every 10 ms.

Figure 41 is the exact same measurement as the one above, except it is done with higher input signal
strength, 700 mV. This high amplitude will cause the amplifier to clip when driven by the current limited
PSU which emulates PoE. As can be seen in Figure 41a, the signal clips and distorts heavily for almost every
frequency in the sweep. Figure 41b, however, shows very little clipping and distortions, and this is because
the measurement is done by driving the amplifier with the powerbank (batteries in this case). This is far
from a real world situation, but it clearly demonstrates how a powerbank can help reduce clipping when the
PoE can not supply the required power.
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Figure 35: Two measurements of the same audio signal, both current limited. Red shows the waveform without
the powerbank activated, heavy clipping. Blue shows the waveform with the powerbank activated, no clipping. The
yellow curve in the top graph shows the output from the MUX, i.e. the switching signal. When high, the powerbank
is active, when low, the power supply is active. The red flat curve in the top graph is the output from the BC, stable
at 24 V.
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is with the powerbank solution implemented and red is without. The blue curve is without the boost converter and
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Figure 38: Electrical Voltage RMS versus a 50 mVrms sinusoidal frequency sweep from 20 Hz to 20 kHz. The
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measurements were also made while switching between powerbank and PSU.

102 103 104

Frequency (Hz)

90

80

70

60

50

To
ta

l H
ar

m
on

ic
 D

is
to

rti
on

 R
at

io
 (d

B
)

Total Harmonic Distortion (THD) for 20Hz-20kHz frequency sweep
Amp + Bat + MUX + Boost
Amp + Bat/PSU + MUX + Boost + Switch (0.5s)
Amp + Bat/PSU + MUX + Boost + Switch (10ms)
Amp + PSU + MUX + Boost
Amp + PSU + MUX
Amp + PSU + Boost
Amp + PSU
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43



80

60

40

20

0

No
rm

al
ize

d 
M

ag
ni

tu
de

, (
dB

)

100 1000 10000
Frequency, (Hz)

20

30

40

50

60

70

80

90
M

ag
ni

tu
de

, (
dB

SP
L)

Frequency response
FR
HD2
HD3
HD4
HD5

1 2 3 4
Time (s)

100

1000

10000

Fr
eq

ue
nc

y 
(H

z)

Spectrogram, Filtered Response.

100 1000 10000
Stimuli Frequency (Hz)

4

6

8

10

12

14

16

18

Cr
es

t F
ac

to
r (

dB
)

Crest Factor
Unfiltered
Filtered

100 1000 10000
Frequency (Hz)

120

100

80

60

40

20

M
ag

ni
tu

de
 (d

B)

High-Order Harmonics and Noise Ratio

response_2024-04-23_10_58_06_70_ReferenceTest_50mVrms_PowerBank

(a) Measurement while powering the amplifier with a PSU.
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(b) Measurement where switching between PSU and battery occurs every 10 ms.

Figure 40: Acoustic SPL measurement of a 50 mVrms sinusoidal frequency sweep from 20 Hz to 20 kHz.
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(a) Measurement while powering the amplifier with a current limited PSU.
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(b) Measurement while powering the amplifier with a battery.

Figure 41: Acoustic SPL measurement of a 700 mVrms sinusoidal frequency sweep from 20 Hz to 20 kHz.
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8 Outlook

The developed prototype mostly serves as a proof of concept - that the available power can be temporarily
increased with the use of a powerbank. However, for a complete system there is a lot that remain unexplored
or needs improving. Below are a few points that a finished product has to consider. Many of these remaining
tasks could not be done during this project due to time constraints, and some of them could not be done
due to not directing the project towards a certain application or product.

• Custom circuit board for all components.

• Charging part of the system.

• Define thresholds for each speaker system.

• Explore the most suitable powerbank for each application.

• Integration to SoC/DSP.

• Optimize the software.

In the prototype built, all components are mounted on evaluation modules, see Figure 34. These modules
are meant to test their respective component in a certain setting and they are therefore very limited. All the
components used can without a doubt be placed on a single circuit board, since much of the space taken on
EVMs are test points or extra resistances or capacitors for testing. Designing and printing a circuit board is
time consuming, and not something that fit the time frame of the project, since designing it would be done
after the prototype was complete and evaluated, which is at the end of the project.

Defining thresholds for when the algorithm decides to toggle the MUX is easily done. However, since there
haven’t been a clear application or use case for the system since the start, it is simply unnecessary. All
speakers, even though using the same PA, will load the system differently and draw different amount of
current with regards to input amplitude. If a speaker is to use a system like this, then one would simply
have to evaluate which input level corresponds to what output power and define the threshold thereafter.

Same principle applies for determining which powerbank is most suitable. It highly depends on the speaker
system and what it is used for. A smaller system with less demanding speakers and fewer burst of high
amplitude would require a much smaller powerbank, while more demanding system (for example outdoors
Public Announcement speakers) would require powerbank with higher capacity.

Integrating the software is something that both requires a specific product to work with as well as being
very time consuming. The prototype built runs, as previously explained, on Python code on a PC which
controls an Arduino and uses an external DAC, or runs Python code directly on a Raspberry Pi and utilizes
its internal DAC. The Raspberry Pi setup is as close a prototype can get to a real application. The change
would not be drastic but the audio path would slightly change. Instead of the digital audio going directly
to the DAC after DSP it would have to pass through the algorithm. Usually DSP is done in the System on
Chip (SoC) and the algorithm could in all probability even be integrated into the DSP.

The charging part of the system has been a part of the plan for the project since the beginning. The idea was
to include a charger and BMS to allow the powerbank to recharge. However, it became clear almost from the
start that this would be outside the scope of the project due to it being very complex and time consuming.
Despite not having time to properly explore the charging part of the system, it has been included in the plan
and big picture of the system and considered throughout the project. Figure 42 below shows a hypothetical
diagram of how the solution for the power flow could end up. An algorithm toggles the MUX to switch
between the standard power source, in this case the PoE, and the powerbank. The algorithm would in this
implementation have to depend both on the SOC of the powerbank in addition to the audio input signal.
The output of the MUX is then connected to a Boost Converter which stabilizes and increases the voltage
delivered to the PA, which then drives the speaker, just as it did previously.
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Figure 42: Block circuit of the power flow including the different components.

An idea of how a this system might function using a MUX can be seen in the Sequential Function Chart (SFC)
in Figure 43. The amplitude of the input audio signal is measured and if the signal exceeds a predetermined
threshold, the SOC of the powerbank is checked to see if the powerbank has enough charge to deliver power.
Then, the charging is turned off and the system switches from the PoE to the powerbank. After this, the
system should wait for some time (a few ms) and restart the processes, that is, measuring the input signal
again.

In the opposite case, if the signal’s amplitude is below the threshold, the system should keep supplying from
the PoE and not switch to the powerbank. Instead the SOC of the powerbank should be checked. If the
powerbank is fully charged, the system should simply wait and loop back. If it is not fully charged, the
current going into the PA from the PoE should be measured to get the available left-over power not used by
the PA. The charger should then be limited to charge the powerbank with this left-over power only.

It could be problematic if the threshold is exceeded and the powerbank is not sufficiently charged. In
this case, the system will not be able to switch, and the signal will either be clipped, the PoE system will
shutdown because the power limit is exceeded, or the signal has to be played at a lower volume. Therefore, it
is important that this case is avoided. By implementing a good charging system and a reasonable threshold
limit that ensures the powerbank is always adequately charged, this scenario can hopefully be circumvented.
However, this entire sequence might also need to be handled differently.
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Figure 43: Hypothetical Sequential Function Chart (SFC) of the system.
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9 Discussion

It would be gratifying to be able to say that the results speak for them selves, but unfortunately they are
not self explanatory, and they might not be easily interpreted as a clear improvement to speakers. If it
was possible to provide a snippet of audio in the report it would be easier to show a direct improvement.
Measurements have been done in a anechoic chamber to achieve measurements and graphs that provide
a visual interpretations of the audible improvement while running the algorithm and powerbank. This
proved however to be a wasted effort, as the clippings which are very audible does not appear as clearly
in the recorded waveforms. The best guess as to why, is that the microphone and measurement equipment
reconstructs and polishes the signal.

The measurements that have been obtained shows a clear improvement. The first measurement, 35 clearly
displays how the powerbank solution removes clipping, and simultaneously that the algorithm tracks the
peaks really well. The ripple effect on the MUX output can be attributed to the inherent chemistry in lithium
ion batteries when current is drawn. This is fortunately not an issue since the boost converter stabilizes the
output.

The following two figures, 36 and 37, paints a promising picture. The two measurements without the
powerbank starts to clip early due to power constraints and can therefore never increase any further. The
sharp drop off in voltage is due to a safety feature in the power supply. As can be seen, the measurement
with the powerbank active does continue to increase with increasing input, however, it slowly tapers off.
This is because the power supplied from the powerbank is theoretically unlimited, but the amplifier has a
power limit. Figure 37 is the same measurement but acoustic. It plainly demonstrates the potential in a
powerbank solution. The measurement with the powerbank active allows for an increased output volume of
7 dB and above. However, this should not be the case, since theoretically the sound pressure should only
increase by 6.3 dB, see Equation 18. The improved result is probably due to the current limiting in the
power supply not properly limiting the current and decreasing the power below 7 W.

10 log

(
30 W

7 W

)
= 6.3 dB (18)

Figure 39, shows that, even without proper filtering, neither the components nor switching adds any sub-
stantial distortions to the signal, which was one of the goals set for the project. The acoustical measurements
paints a similar picture. The first one, Figure 40, is as explained essentially an acoustical recreation of Figure
39, which provides the same result. It does not however test each individual components effect on THD,
mostly because it was deemed unnecessary after seeing the minimal change on electrical THD, and partly
because acoustical THD is not very closely related to actual audible distortion. The last measurement,
Figure 41, is probably the most interesting measurement. It clearly demonstrates how the signal distorts
when driven by a limited power source, such as PoE, and the amplifier clips the signal, as in Figure 18. It
also shows how the signal is ”supposed” to appear when driven by an unlimited source, such as a battery
powerbank in this case. This is what would happen in a real situation with the exception that in this mea-
surement the entire sweep clips, while in a more realistic situation only the peaks would be clipped. Even
so, the effect of power limiting is clear.

An observation that was made relatively late in the project was when measuring the speaker’s output in
the setup without using the BC. No noises or ”click” sounds were audible, despite the PSU and powerbank
having different voltages. This was the main concern and the main reason for including a BC and suggests
that the BC may be redundant for this application. However, more accurate and dependable measurements
need to be conducted, including testing with different speakers, to validate this. The primary reason this has
not been done is that the EVMs used for the MUX does not properly support testing with a large voltage
difference between the inputs, which makes tests unreliable.

The prototype that has been built serves mostly as a proof of concept. It demonstrates that it is possible to
use a powerbank to supply higher power whenever necessary. Despite this, the way it is built is most certainly
not the best way. There are a lot of improvements that could potentially be made to the system. Many
naturally comes when developing the product further, as explained in Section 8. Developing the charging
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part for example would require changes to the algorithm to include the SOC and buffer times to allow
the charger to switch modes. Another very easy potential improvement is simply to change components.
The components used in the prototype were selected after weeks over research and searching, but after
evaluating them and reconsidering the requirements of the components there are in all probability better
suited components on the market. The algorithm could potentially be improved as well, especially the
triggering signal. The algorithm was developed during a week to ensure the MUX switched as coveted for
testing. As a short reminder, it works by dividing the digital signal into chunks, analyzing each chunk and
determining whether the powerbank is needed or not. The output is then controlled by a logical function
creates buffer zones around chunks that does or does not require the powerbank. This was done to avoid
certain circumstances, but depending on the application, those circumstances may never arise, rendering the
need for the logical function nonexistent. Alternatively, there could be other circumstances that require a
different type of logical function.

There is definitely room for improvement in the triggering signal, even though no direct improvement could
be found in this work. Most of the alternatives have already been discussed in Section 6.2.5, but there are
other signals that can trigger the MUX to switch. For example the current drawn could be measured or the
analog signal before the PA could be directly used. However, the reason none of these were explored were
because potential problems with synchronization between MUX switches and the audio signal. The purely
digitally based system seemed suitable since the synchronization can be manually controlled via delays.

The two other power combining methods presented in Section 6.1 were obviously never tested, which is
unfortunate, since it would have been interesting to compare the different methods. Apart from the time
constraint impeding its exploration, there is also the fact that the power MUX method functioned really well
and it was deemed more reasonable to continue work on the MUX instead of testing another solution. This
has repeatedly been the case during this project where several solutions were explored, one was tested and
performed above expectation, and therefore the others were deemed unnecessary, for example with triggering
signals or with the algorithm.

Implementing solutions that involve energy storage devices, such as rechargeable batteries, has environmental
impacts for future products. Li-ion batteries contains harmful Lithium salts and flammable organic solvents.
Some types contain hazardous heavy metal such as cobalt (Co). Concerns about cobalt miner’s health are
particularly significant due to their vulnerability and exposure and the mining of lithium has a negative
impact on local biodiversity due to contamination of soil and air [39]. If these batteries are not handled and
recycled properly these dangerous substances can impact the environment negatively. [40]. Even though
methods for recycling can reduce the impact and the wasting of resources, these recycling processes are
complicated, expensive and consumes energy.

If the prototype was instead implemented with supercapacitors, which also requires a specific recycling
procedure, it would have comparatively much less complicated composition of materials and does not contain
any expensive metals [41]. The result is that supercapacitors are easier to recycle than batteries [42].
Therefore, supercapacitors could definitely be a strong candidate to replace batteries.

Including a powerbank to increase the total power output of loudspeakers allows users to play sounds at
higher SPL. This can be problematic if mishandled, as excessively loud sounds can cause hearing damage.
Additionally, loud sounds can interfere with nearby wildlife and ecosystems.
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10 Conclusion

In conclusion, the prototype developed serves as a proof of concept to whether or not a powerbank can be
utilized to improve PoE speaker system with regards to power output. Testing has shown that the prototype
functions as expected. It switches sufficiently fast on command between the two power supplies, does not
introduce interference or harmonics, the powerbank can supply enough power to avoid clipping or simply
allow a higher SPL. As such, all of the goals that were set for the project were achieved. However, there are
many other questions that needs answering before this concept could actually be implemented in a product,
many of them raised in the previous two sections. But the main questions that have to be answered are:
Is this the correct solution for the application and product? and Can it be implemented without increasing
the cost of the product too much?. Quite obvious questions but they do need answering before any dared
ventures. However, with the obtained results from measurements, the main questions asked at the beginning
have been answered. It is indeed possible to increase the total sound pressure by including a powerbank
without deteriorating the audible quality and experience. The powerbank implementation can also be used
to avoid power limited clipping of signals and can, with an advanced algorithm, be performed in a regulated,
dynamic and automated fashion.
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