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Abstract

The displacement of a loudspeaker cone is not linearly proportional to the voltage/current at its input pro-
vided. This is due to electrical and mechanical limitations. The distortion is more noticeable at lower frequen-
cies. This report is one of two reports, that will explain how to minimize this distortion. The motion of the
loudspeaker cone will be measured and compared with the input voltage. This way the error in the output can
be found. Finally, a system will adjust the current through the voice coil to decrease this error. An accelerome-
ter is used as a sensor and the ADAU1777 is used to compensate for the error in output displacement. Finally,
a voltage to current converter is used to convert and amplify the output voltage from the ADAU1777 into a
current signal to drive the loudspeaker. This report focuses on the voltage to current amplifier. To begin the
design, a problem definition and program of requirements will be given. Usually, loudspeakers are voltage
driven. This report begins by first explaining why a current-driven loudspeaker delivers less distortion. Then
an attempt is made to build a single operational amplifier (opamp) design that meets the requirements for a
real load. For the single opamp design, a simple version of the operational transconductance amplifier (OTA)
will be compared against a Howland model based on noise performance and circuit analysis, where it will be
shown that the simple OTA has a larger signal to noise ratio and does not need to meet any additional cri-
teria to maintain a high output impedance. However, the simple OTA still does not meet the Signal to Noise
(SNR) . The simple OTA also did not meet the maximum Total Harmonic Distortion (THD) at 800 Hz. Then,
a two opamp design will be constructed using a composite configuration to increase the SNR and decrease
the THD. This design does meet the requirements given, at least for a purely resistive load. Then an electrical
model of a loudspeaker, which has a complex impedance, will replace the resistive load. Now the composite
design for the resistive load needs to be adjusted for the inductive characteristic of a loudspeaker at higher
frequencies. The resulting design has a THD of 0.000427%, a PM of 51° and a SNR is 100.92 dB. All results will
be given as simulations, because the current pandemic (COVID-19) does not make it possible to physically
construct and measure this model. Micro-Cap 12 is used for circuit simulations and Slicap for circuit noise
analysis.
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Nomenclature

List of Parameters
u Permeability
0] Magnetic flux
A Input voltage over output voltage of a two-port system with open output
Ay Gain of the composite amplifier
Ay Transcondutance gain
B Input voltage over output current of a two-port system with shorted output
C Input current over output voltage of a two-port system with open output
Cries Moving mass converted to electrical capacitance
Cins Suspension compliance
D Input current over output current of a two-port system with shorted output
Diolerance Deviation due to resistor tolerance
Diiax Maximum deviation due resistor tolerances
e Error signal
F Feedback factor
Fg Resonance frequency
G Open loop voltage gain
H Transfer function
Kos Restoring force
L, Voice coil inductance
Les Enclosure suspension converted to electrical inductance
My Moving mass
o Output signal
p Resistor tolerance
R, radiation resistance
R, Voice coil resistance
Res Mechanical resistance converted to electrical resistance
R; Input resistance
Re Electrical resistance converted to mechanical resistance
Ryus mechanical resistance of damper
R, Output resistance
Rsense Sensing resistance
Ry Output resistance of the Howland amplifier
S Input signal
SD effective cone area
Sy Output noise voltage of opamps
Q Quality factor
u Velocity of the loudspeaker cone
X1 Power opamp
Xo Precesion opamp
Za Acoustic impedance
Zg Source impedance
Zmg Electrical source impedance converted into mechanical damper
Zm lumped electrical components
Zs lumped mechanical components
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Abbreviations

BW
CS
EMF
GBWP
HD
IMD
MFB
OpAmp
OTA
PoR
PM
SNR
THD
VCCS
VCVS
VS

Bandwidth

Current source

Electromotor force

Gain Bandwith Product

Harmonic Distortion
Intermodulated distortion

Motion Feedback

Operational amplifier

Operational transconductance amplifier
Program of Requirements

Phase Margin

Signal to noise ratio

Total Harmonic Distortion
Voltage Controlled Current Source
Voltage Controlled Voltage Source
Voltage source
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Introduction

Audio speakers are mostly implemented by using a moving coil inside a permanent magnetic field. This setup
is prone to linear and non-linear distortions. While linear distortions are easy to correct for, the non-linear
distortions pose a challenge to deal with. A solution to this problem was proposed by Philips in [13]. It was
proposed to use a motional feedback (MFB) system to correct for the distortions at the output. To correct for
distortions, the motion of the speaker is measured using a sensor and compared to the input signal. Looking
at the input signal, if the measured output signal is not the expected output signal the system will try to cor-
rect it by making adaptations to the loudspeaker drive signal, thus it would help "push" the loudspeaker cone
through the distortions.

As part of the bachelor university program "Electrical Engineering" at the Technical University of Delft, a
group of students is assigned to investigate and implement the MFB system. An accelerometer is used as the
sensor and the ADAU1777 [2] is used to compensate for the error in output displacement. Finally, a voltage to
current converter is used to convert and amplify the output voltage from the ADAU1777 into a current signal
to drive the loudspeaker. The project has been divided into two subgroups: one will implement the con-
trol system and the other will implement an amplifier for the loudspeaker. The report of the second group
focuses on how the ADAU1777 can create the appropriate control voltage to decrease the error in the loud-
speaker displacement, while this report will go in-depth on the design of the amplifier that will be used to
drive the loudspeaker. A loudspeaker can consist of a woofer and tweeter, for this project both subgroups will
only focus on the woofer. The Woofer consists of two subwoofer. A monopole, which works from 20-80 Hz
and a dipole that works from 20-300 Hz. All the requirements will be based on the dipole speaker, since the
higher frequencies will lead to more distortions that will have to be dealt with. If the amplifier for the dipole
speaker is finished, it is relatively straightforward to change the parameters for the monopole speaker.

Before starting with the design of the amplifier, a detailed comparison of the distortions of a loudspeaker
as a function of current and voltage source will be given in Chapter 3. Using this theory and a set of require-
ments made in Chapter 2 the specifications for the design will be known. First, a single operational amplifier
(opamp) design will be explained in Chapter 4. Then a two opamp design for a resistive load that is equal to
the nominal impedance of the loudspeaker will be discussed in Chapter 5. Lastly, a two opamp design for the
complex electrical model of the loudspeaker will be discussed in Chapter 6. The discussion for this report is
located in Chapter 7 and the conclusion, recommendation and future work is located in Chapter 8.



Program of Requirements (PoR)

2.1. Problem definition

2.1.1. Situation Assessment

Current state of the problem

Most speakers that are used are based on a coil that moves in a permanent magnetic field. These systems
are prone to linear and non-linear distortions, which are easily heard in the sound coming from the loud-
speaker since they add harmonic distortions (HD) to the output signal. Linear distortions are easier to deal
with than non-linear distortions, because a linear block filter can be designed to compensate for linear dis-
tortions. Non-linear distortions come from different sources: the stiffness of the spring system that holds the
cone of the loudspeaker in an equilibrium point, the force factor that describes the integral of the flux density
over the length of the coil and the non-linear inductance of the voice coil. These sources are briefly discussed
in the next sections.

Stiffness
Since the movements of the loudspeaker cone are dictated by an electrical signal, a spring is attached to the
cone to center it around some specific equilibrium point. If the displacement of the cone becomes too large,
the force that the spring acts on to bring it back to the equilibrium point becomes non-linear.

Force factor
It is possible at some moments in the operation of the speaker for the voice coil to move beyond the plate of
the magnet. This results in non-linear behavior of the force factor.

Voice coil
The voice coil moves in a non-homogeneous environment, this means that the magnetic permeability u
changes with position. For large displacements, the coil moves into the open air, which means that the mag-
netic permeability changes non-linearly at these moments. There is also a second source of non-linearity
made by the voice coil which is dependent on the current. That non-linearity is caused by the fact that the
permeability saturates at large current level

Future design
The situation to aim for is that the speaker does not experience the non-linearities described above and the
distortions are kept at a minimum, this would result in the best listening experience for the user.

2.1.2. Scoping analysis

To solve the non-linearities produced by the speaker, which in turn distorts the sound coming from the
speaker, MFB system can be designed. The motion of the speaker cone is measured, which then is fed back
to the input stage of the system, where the input signal is subtracted from the output signal that produces
the error signal. That error signal is then fed into the amplifier, which amplifies the signal so it can power the
loudspeaker. The amplifier for the MFB should add minimal distortions to the signal and if possible prevent
sources of distortions of the loudspeaker to occur, while also adding power to the signal.



2.2. Requirements 3

2.1.3. Bounding analysis

The power supply voltage and power are limited, which means that the operational power of the amplifier
can deliver is limited. Also, the input signal power is limited. In this project, the source of the signal is the
audio that comes from the digital processing chip, which is used to compensate for the errors. The amplifier
must work in the frequency ranges of the audio signal. The audio signal path must not be disturbed with a
large delay, as the speed of the MFB system as a whole will largely determine its performance. That is why
the amplifier must add minimal delay to the signal in order to maintain good operation of the MFB. The
power performance can be found by measuring the output voltage and current. The THD can be determined
by connecting sinusoidal signal with a known frequency to the input of the amplifier. Using the frequency
spectrum (HV—ZZ)) of the output of the amplifier, power at the signal frequency is compared to the power at the
higher harmonics. By calculating the ratio of power at the higher harmonics and the power at the input signal
frequency the THD can be determined. The SNR can be found by measuring the noise spectrum (HV—;) over
the required bandwidth. From the frequency spectrum, the power in the harmonics can be analyzed and
the THD can be determined, which will be the defining parameter for the performance of the amplifier. The
power supply voltage and power are limited, which means that the operational power of the amplifier can de-
liver is limited. Also, the input signal power is limited. In this project, the source of the signal is the audio that
comes from the digital processing chip, which is used to compensate for the errors. The amplifier must work
in the frequency ranges of the audio signal. The audio signal path must not be disturbed with a large delay,
as the speed of the MFB system as a whole will largely determine its performance. The power performance
can be found by measuring the output voltage and current. The THD can be determined by connecting si-
nusoidal signal with a known frequency to the input of the amplifier. Using the frequency spectrum (HV—ZZ)) of
the output of the amplifier, power at the signal frequency is compared to the power at the higher harmonics.
By calculating the ratio of power at the higher harmonics and the power at the input signal frequency the

THD can be determined. The SNR can be found by measuring the noise spectrum (X—;) over the required
bandwidth.

2.2. Requirements

In this chapter, the requirements for the project are described. First, the requirements for the MFB system
as a whole are given, after which the requirements that have specifically been set for the amplifier will be
discussed.

2.2.1. Total System
2.1. General

2.1.1 The system should be bandwidth limited between 20-800 Hz for the dipole loudspeaker.
2.1.2 The system should be bandwidth limited between 20-300 Hz for the monopole loudspeaker.
2.1.3 Maximum Total Harmonic Distortion (THD) for frequencies under 1 kHz: 0.1%
2.1.4 The system’s maximum use of power is limited to 70 Watt.
2.1.5 The system’s audio input should have standard phone aux connection (3.5 mm Jack).
2.1.6 The product (excl. speaker) should not cost more than €499.99.
2.1.7 The product should not weigh more than 10 kg.

2.2.2. Amplifier

2.1. Environmental Conditions
2.1.1. Operation temperature: between -40 to 70 ° C
2.2. Given parameters

2.2.1. Source peak to peak voltage: 1.5V
2.2.2. Load nominal impedance speaker : 8 Q

2.2.3. Power supply voltage: + 40V

2.3. Performance requirements



2. Program of Requirements (PoR)

2.3.1. Mandatory Requirements

2.3.1.1.
2.3.1.2.
2.3.1.3.
2.3.1.4.
2.3.1.5.
2.3.1.6.
2.3.1.7.
2.3.1.8.
2.3.1.9.
2.3.1.10.
2.3.1.11.

Output power: 50 W RMS for a sinusoéidal signal

Maximum RMS load current: 2.5 A

Source voltage to load current transfer: 4.71

The transfer function must have a deviation of under +-1dB for a frequency of under 800Hz.
Peak to peak load voltage drive: 80 V

Peak to peak load current drive: 7 A

Maximum THD for frequencies under 800 Hz: 0.001%

Minimum (SNR) for frequencies under 800 Hz: 96 dB

Minimum Phase Margin(PM): 45°

The output signal must have a maximum phase deviation of 20° at 800 Hz
No clipping must occur for frequencies under 800 Hz.

2.3.2. Trade-off Requirements / Objectives

2.3.2.1.
2.3.2.2.

2.3.2.3.

2.3.2.4.

The output signal should preferably have a maximum phase deviation of 3° at 800 Hz

The transfer function should preferably have a deviation of under +-0.3 dB for a frequency of
under 800Hz.

The SNR at the output of the amplifier for input signal frequencies under 800 Hz should
preferably be above 100 dB

The Phase Margin should be 45° or larger to increase the robustness of the amplifier.



Loudspeaker Theory

The focus of this chapter is to explain why a voltage-controlled current source (VCCS) results in less non-
linear distortion when driving the loudspeaker, when compared to a voltage-controlled voltage source (VCVS).
Section 3.1 explains what causes loudspeakers to distort and Section 3.2 compares the distortion of a loud-
speaker if it is driven by a voltage or current source.

3.1. Distortions in loudspeakers

Figure 3.1 shows the cross-section of a Woofer. One of the main requirements for this project is that the total
harmonic distortion (THD) of the amplifier should be lower than 0.001%. The loudspeaker contributes to the
THD. There are 4 sources of non-linearity present in a loudspeaker [14]. Each of them creates a non-linear
distortion, which will be explained in subsection 3.1.1 till subsection 3.1.4.

Surround
Ve

Diaphragm or cone

‘Voice coil former

Dustcap .
£ Frameor

hasket
- e

Pole piece ‘Woice coil

Top Plate

Figure 3.1: Cross section of a Woofer, source: https://en.wikipedia.org/wiki/Woofer

3.1.1. K;;;5(x) Stiffness versus Displacement

Loudspeakers use a suspension system to center a coil in a resting position using a restoring force K,;,s(x). For
small displacements this relationship is almost linear, however for large displacements, this is no longer true
[14], as shown in Figure 3.2a. The restoring force is given by the following equation: F=K,s(x) * x. Ky, is not
constant, but depends on the displacement x. Both the Spider and Surround contribute to the total stiffness,
this can be seen in Figure 3.2b.
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(a) Restoring force vs distance , source: [14] (b) Stiffness vs displacement, source: [14]

Figure 3.2: Stiffness over distance

The K,;,5(x) is also frequency-dependent. This has to do with the visco-elastic behavior of the suspension
material [14]. This report will not go into detail explaining the cause behind this relationship. Figure 3.3 shows
the harmonic distortion in sound as a function of frequency. In this plot, f; is the resonance frequency. It can
be seen that at lower frequencies the distortion is far worse. The stiffness has a low Interharmonic Distortion
(IMD) in sound, as well as a low HD and IMD in the current signal [14].

HD, A
30
% :
i
0 ; >
fJ, frequency

Figure 3.3: Harmonic distortion in sound for stiffness displacement, source: [14]

3.1.2. Bl(x) Force factor versus Displacement

The force factor Bl(x) describes how the mechanical and electrical model can be coupled to each other. This
islocated at the magnet and pole-piece in Figure 3.1. Bl(x) is the line integral of the magnetic flux density over
the voice coil length that is present in the gap between the pole piece and the magnet. Figure 3.4a provides a
visual representation. As the voice coil moves to produce sound Bl (x) is constant, as long as the voice coil is
fully inside the gap.

50 ——
h E P N
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40 £ [ ; L\
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AN .
1 20 £17 1 -
i 1] E
voice coi " /[ \
0.0 h SN NSNS S EENE NN RN \LII\\
75 60 25 00 25 50 75

pole piece Displacement  mm
(b) Force factor over displacement. Redline represents coil length being equal
to hc,;; and dashed line represents coil length being equal to hgqap, source:
[14]

(a) Cross section of Force factor, source: [14]

Figure 3.4: Force factor

The electro-magnetic motor produces high HD at lower frequencies as shown in Figure 3.5a, while the
HD of the current signal is low [14]. There is a high IMD at lower frequencies as shown with Figure 3.5b [14].
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(a) HD of force factor in sound , source:[14]

(b) IMD of force factor in sound and current, source:[14]

Figure 3.5: HD and IMD distortion due to Force factor

3.1.3. L.(x) Voice coil inductance versus Displacement
The voice coil moves by moving the cone. It moves from inside the magnet to the outside in the air as can be
seen with Figure 3.6.

Degi(-7 mm)

Peounte

\
®BRED |

i

| voice coil displacement
-7 mm omm 7mm X

- shorting ring

Figure 3.6: Displacement of voice coil, source:[14]

As the voice coil moves to produce sound, it will not constantly be surrounded in the same environments
as shown in Figure 3.6. It can either be outside of the magnet in the open air or inside the magnet, sur-
rounded by iron. The inductance is dependent on its environment, more precisely the permeability p of the
environment [14]. Due to the inductance of the coil, an alternating magnetic flux is produced when the coil is
provided with an alternating current. When the voice coil is inside the gap of the magnet it produces a larger
magnetic flux compared to when it is outside of this gap. This is because the voice coil is then surrounded by
metal instead of air. Since this subsection only focuses on the displacement of the coil and not the current
through the coil, it is assumed that the magnetic flux ¢(i), given in Equation 3.1, is fixed and can be seen as
¢. Now, when Equation 3.1 is rewritten by substituting Equation 3.2 and Equation 3.4, the inductance L is no
longer dependent on i and it is purely dependent on u. The inductance can be calculated using Equation 3.1.
If for example the magnetic reluctance R increases, the magnet flux will decrease and as a result, the induc-
tance decreases. A mechanical solution for this problem is to increase the voice coil height. Looking back at
Figure 3.4a and Figure 3.4b, the red line represents the voice coil height, which is equal to h.,;; and the blue
dash represents the coil height, which is equal to hg4p,. With a larger voice coil height, the coil will mostly be
located inside the gap, while with a smaller coil height it can either be entirely inside the magnet or outside
in the air.

L= @ (3.1)
F

R= a (3.2)
1

R =x I; (3.3)

F=ixN (3.4)
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Voice coil inductance fluctuations for a fixed current and fluctuating displacements result in HD for both
the current signal and displacement, however, this is very small as can be seen in Figure 3.7a. The IMD is
however moderate for sound pressure and current as can be seen in Figure 3.7b.

HD. IMD

pressure

[

f; fraquanc;

0.5f, fy 2f. f

(a) HD of voice coil displacement for both sound pressure . o
and current , source:[14] (b) IMD of voice coil displacement for both sound pressure
and current, source:[14]

Figure 3.7: HD and IMD distortion due to only Voice Coil displacement

3.1.4. L,(i) Voice coil inductance versus Current

The inductance is given in Equation 3.1. If the change in magnetic flux, due to a fluctuating current, is propor-
tional to the change in input current, then L will remain constant. However, this is not the case. The reason
for this is that the relationship between the flux density and the magnetic field is not linear. The relationship
between the flux and flux density is given with Equation 3.5 and Equation 3.6. The non-linearity is caused by
the fact that the permeability saturates at larger current levels [14]. This relationship can be seen in Figure 3.8.

Gp=BxA (3.5)

B=u(i)+H (3.6)

induction
A
B

i=-10A  i=0A  i=+10A
| | H
- >
H, H, Ha field strength

Figure 3.8: Non-linear relationship between flux Density B and Magnetic field strength H , source:[14]

The coil inductance with a fluctuating current causes a moderate HD and IMD for both the sound pres-
sure and current. The HD can be seen from Figure 3.9a and the IMD can be seen from Figure 3.9b. More
factors play a role in the non-linearity characteristics of a loudspeaker: Variation of cone geometry, Young’s
E-modulus, Doppler effect and wave steepening [14]. Distortion caused by these topics will not be discussed
here because this chapter is focused on the impedance characteristics of the loudspeaker.
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Figure 3.9: HD and IMD distortion due to only voice coil current

3.2. Distortion of Current and voltage driven loudspeaker
To compare the distortion of voltage and current-driven loudspeakers, an electrical model of the loudspeaker
model is needed, then the distortion as a function of a voltage and current source can be compared.

3.2.1. Electrical loudspeaker model

The electrical model can be derived from the driver as shown in Figure 3.10. The driver model [1] shows how
the electric and mechanical components of a loudspeaker are connected. Starting from the left, the voltage
over the voice coil is converted into mechanical force via a gyrator with a ratio of Bl:1. Then the mechanical
force to the cone is transferred into an acoustic pressure. The transfer of mechanical force into acoustical
pressure is done using a transformer with a ratio of SD:1, where SD is the effective cone area.

— Y Y Y| Soi
Bl | |

| Re Le T + Rms Mms Cms L\ IfJ i

val - " "\.] ar < >

gl W | ( Vo Za
\\___/ _/. \ -< E’ -
1T ']

Electrical Side Mechanical Side Acoustical Side

Figure 3.10: Loudspeaker driver model, source: http://projectryu.com/wp/2017/07/23/electrical-model-of-loudspeaker-parameters/

The impedance Z, given in Figure 3.10 corresponds to the radiation resistance for both the front and back
of the cone and the enclosure impedance [8]. If no enclosure is modelled then Z, = R, where R, is the radi-
ation resistance, which is frequency-dependent [8]. The acoustic side can be moved over to the mechanical
side using impedance reflection [3]. Using impedance reflection the transformer with a ratio of SD:1 can be
removed and the resistor R, can be connected in series with the other mechanical components. However, its
impedance will be given as R, * (SD)2. The resistor R, * (SD)? will be so much smaller than R, that for a
simplified model it can be ignored [9]. Then after some rewriting using impedance reflection and impedance
conversion, the mechanical components can be converted to electrical components [4]. Figure 3.11 repre-
sents the electrical model of the loudspeaker.
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Figure 3.11: Loudspeaker electrical model, source:
http://projectryu.com/wp/2017/07/23/electrical-model-of-loudspeaker-parameters/
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Now that the electrical model of the loudspeaker is given, the next step is to find the parameters of the
monopole and dipole loudspeaker that are used for this project. This is not relevant for the comparison of
voltage and current sources, but is important for later on in this report when the real load is substituted for
the complex loudspeaker load. These parameters are given in Table 3.1. The explanation as to how these
values were found is given in section A.1.

Table 3.1: Calculated parameters for loudspeakers

Zmonopole Zdipole
R,=4.6Q R.=6.3 Q
L,=2.1 mH L,=2.0mH
Res=34.3Q Res=423Q
Lees=16.9mH | Loes=6.3 mH
Cmes=0.8MF | Cppes= 4.4 mF

3.2.2. Voltage and current driven electrical model of loudspeaker

In many loudspeakers, a voltage source is used to drive the components to produce sound. The main focus
of this sub-group is to drive the loudspeaker to produce sound using a current source instead.

The reason that a current source (CS) is used instead of a voltage source (VS) is because the speaker will
produce less harmonic distortion in its sound quality at lower frequencies [15]. The movement of the cone
produces the sound. When using a CS instead of a VS it can be shown that the velocity of the speaker cone will
be more linear [15]. To help illustrate this, Figure 3.12 will be used. Some knowledge of impedance analogy
[11] is needed to convert electrical impedance into mechanical impedance and vise versa. This was taught in
the course Signals and Controls (EE2S21). For this report, only the relevant theory regarding impedance anal-
ogy will be repeated. Impedance analogy is converting mechanical impedances such as: mass, spring and
damper into its equivalent electrical model: inductor, capacitor and resistor or vice versa. With impedance
analogy, a series RLC circuit is equivalent to a mass, spring and damper in parallel and vice versa. Impedance
reflection [3] is also needed in order to convert Figure 3.12a into Figure 3.12b or Figure 3.12c. Using all of this,

the following general equations will be used to represent mechanical or electrical impedance, the electrical
(BD®

Zmechanical

equivalent of mechanical impedance is given as Zjectrical =
(B)?

Zelectrical *

and mechanical equivalent of electri-

cal impedance is Zy,echanical =

A few remarks regarding Figure 3.12: The velocity of the cone is given with u. Z; represents the lumped

equivalent impedance of the electrical components. In Figure 3.12b, Z; is equal to Zg, R, and L, in series and

in Figure 3.12c (B I is equal to Zp,g, Cye and Ry in parallel. Z,q is the mechanical impedance equivalent of

Zg, Cme is the mechamcal impedance equivalent of L, and R, is the mechanical impedance equivalent of
R.. Z, is the same as Z, but only for the lumped equivalent impedance of the mechanical components. The
reasoning behind using Z,,, and Z; is for simplifying Equation 3.7 and Equation 3.8 so that it becomes easier
to see why CS delivers less distortion than VS.

Looking at Figure 3.12a, the first step is to convert the mechanical components into electrical components

and then pull all components onto the primary side of the transformer. This gives Figure 3.12b, Since Fig-

(Bl) (Bl)

ure 3.12b is the electrical model, Z,,, becomes in this

(BNH? 1
Zm Zo+ (31)2 :
m

, which is in series with Z;. The voltage over ==

circuitis Vp* === In systems equivalent theory, the force for mechanical components and voltage for

electrical components are interchangeable, when swapping from mechanical and electrical [11]. This voltage
is equivalent to the force in Figure 3.12a. Now, using Lorentz force for velocity (| Fr| = |Blu[)) the cone velocity
can be calculated. The cone velocity is given with Equation 3.7.
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(c) Equivalent mechanical model of speaker, source:[15]
(b) Equivalent electrical model of speaker, source:[15]

Figure 3.12: Equivalent models of loudspeaker

VO * Bl
Zm* (Zs+ -7 ~)

The difference between a VS and a CS is the internal source impedance Zg. For a voltage source, this
should be as small as possible ideally 0 and for a CS it should be as large as possible ideally co. This character-

istic will be important when finding the cone velocity as a function of CS. For a VS the Zg is very small. Z,

2
which is given as Zy,g = BD” g very large. However, the values for C,;,, and Ry, are far smaller compared

Zg
2

to Zing, resulting in Z; not being far larger than % in Equation 3.7. For a CS, Zg is very large. Thus, it re-
sults in a very small Z,,¢: approximately zero. Since Z;, is in parallel with C;;;, and Ry, this results in the
total impedance being equal to zero. This causes the Z; given in Equation 3.7 to be zero. Once again, using
impedance analogy, Ip = (;‘)’2 . This results in Equation 3.8. When looking at the cone velocity using a VS,

Zm
is present, while this term is not present when a CS is used. As mentioned in section 3.1,

the term

1
B2
25t 7

Bl(x),L¢(x), Le(i) and K;;5(x) are all non-linear. The mechanical lumped impedance Z,, has K;;s and the
electrical lumped impedance Z; has L,. This results in the cone velocity equation being more linear when a
CS is used instead of a VS. Meaning a CS delivers less distortion than a VS, because the non-linear elements

present in I(an are only present when a VS is used.
Zst+ 7
m

IO * Bl
u=2"-"
Zm
When looking at the electrical side of Figure 3.10, it follows that the voltage goes over the voice coil, which
produces alternating current. As a result of this, the cone has enough force to produce sound, the force is
proportional to the current F = Bli. Non-electrical actions such as the cone movement in a loudspeaker
can produce an electrical source. This action is called the electromagnetic force (EMF). For the loudspeaker,
there are two causes of EME One is the motion EME which is caused by the motion of the voice coil and is
given as €,, = Blu [17]. The other one is inductive EME which is caused by the lossy inductive characteristic
of the voice coil and is given as €; = L * % [17]. When a VS is applied over the voice coil, both EMFs will
contribute and produce their current. This results in an additional current at the output, which distorts the
output current. When a CS is applied, both EMFs do not produce any additional current, due to the fact EMFs
are potential energy and need work (voltage) to move electrons. This means that when using a CS the EMFs
do not produce any additional current, thus it results in a less distorted output current. Because of this, there
is no current modulation due to changing electrical parameters. Given all of these arguments, it has been
decided to build a VCCS amplifier. The rest of this report will explain how this circuit was designed, based on
theory and simulation.

(3.8)



Amplifier structure considerations

4.1. Introduction

In Chapter 3, it was derived that the VCCS is most suitable for this project because it limits the distortions
made by the speaker. In this chapter two amplifier structures that implement a VCCS will be presented and
analyzed: an operating transconductance amplifier (OTA) in section 4.3 which was renamed to simple OTA
to distinguish from other OTAs, and a Howland amplifier [16] in section 4.4. The goal of this chapter is to
choose the basic structure which will further be used in the design of the VCCS. To do so, the basic proper-
ties of the VCCS will firstly be derived in section 4.2 with the help of the chain matrix. From this, the basic
properties of the simple OTA will be derived in subsection 4.3.1 and in subsection 4.3.2 it will be analyzed. In
subsection 4.3.3, the noise performance of the OTA will be analyzed. In section 4.4, the Howland amplifier
will be introduced and analyzed in the same way as the simple OTA. The chapter will be concluded with the
comparison of both circuits in section 4.5: In subsection 4.5.1, both circuits will be compared based on circuit
analysis and in subsection 4.5.2 the noise of both circuits will be compared, after which a choice will be made
based on these comparisons.

4.2, Basic properties of the VCCS

In this section, the basic properties of the VCCS are discussed with the help of the two-port representation
given in Figure 4.1b. The two-port representation is convenient, since this circuit can be analyzed with the
help of the chain matrix. The chain matrix describes the two-port as given in Figure 4.1a. The chain matrix
equation is given in Equation 4.3. The elements A, B, C and D of the chain matrix are explained in great detail
in subsection A.2.1. Briefly explained the elements A, B, C and D in the matrix equation 4.3 can be found
with the help of the following equations:

Vi = AVp + Blo 4.1)
I,‘ = CVO+DIO (4.2)

By opening the circuit at the output in Figure 4.1a the elements A and C are found. By short-circuiting the
output ports in Figure 4.1a the elements B and D are obtained.

12
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Vi Two port V,

(a) Two-port circuit where V; is input voltage, I; is the input
current, V, output voltage and I, output current

Rs I I lo IL
AMA—>—e—>—]
+ + + +
Vs Vi Two port Vo RSV

(b) Two-port circuit where Vg is source voltage, R source impedance, I source current, V; is
input voltage, I; is the input current, V, output voltage, I, output current, I load current, Ry,
is the load and V7, is the load voltage

Figure 4.1: Two-port representations

[‘1/] B [2 g] [‘I/] (4.3)

The voltage to current gain A, of the two-port as given in Figure 4.1b , can be expressed in the matrix ele-
ments as given in Equation 4.4. As explained in chapter 3, the speaker impedance Z; is frequency dependent.
This is why the chain matrix elements A and C must be set to zero to make the amplifier load-independent,
as can be seen from Equation 4.4. Since the value of the source impedance R; is unknown, the chain matrix
element D should be set to zero as well. Thus, the gain of the amplifier must be solely determined by the
chain matrix parameter B.

1
Ay =
ARy + B+ CRrRs+ DR,

(4.4)

The remaining variables that have to be analyzed are the input and output resistance of the circuit. As
derived in subsection A.2.1 the input resistance R; and out resistance R, can be calculated with the aid of
Equation 4.5a and Equation 4.5b respectively. Plugging A = C = D = 0 into Equation 4.5a and Equation 4.5b
results in an infinite output and input impedance.

_AR_+B
" CR.+D

_ DRy+B

4.5 Ry= —>—
(4.52) °T CRs+ A

(4.5b)

i

4.3. Simple OTA

In this section, the simple OTA will be derived and analyzed for in circuit properties and noise performance.

4.3.1. Circuit derivation

In this subsection, the simple OTA is derived with the aid of the nullor elements: nullator and norator. A
nullator is a circuit element that is an open and closed circuit at the same time. The norator is a perfect
source that can supply all possible current and voltage combinations. To derive the simple OTA, the nullator
is firstly used to nullify the current and pass the input voltage to the resistor as represented in Figure 4.2a. The
relation between the output current and input voltage is then:

Ip=—L (4.6)
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IrL = Vi/RL

+

I+

(a) Nullator added between the V; and R to transfer only voltage V;
(b) Adding a norator to induce energy in the circuit

|i=0A

>

(c) Adding a new load location to ensure load in-dependency
(d) The OTA based on the nullor

Figure 4.2: Derivation of the OTA using nullator and norator.

Adding a nullator between the load and the source removes all of the power delivered by the source to the
load R;. Since the current through the nullator is zero, an additional power source must be added to power
the load Ry, this is done with the norrator as given in Figure 4.2b. The current structure of the amplifier is
load dependent and as was derived in section 4.2, this should not be the case. To solve this complication, an
additional resistor R is placed as illustrated in Figure 4.2c. Now the amplifier is load-independent, since the
output current does not depend on Ry, but only on the resistor R. By combining the nullator and norator the
nullor is made and the final circuit is represented in Figure 4.2d.

4.3.2. Circuit analysis
To analyze the circuit given in Figure 4.2d, the chain matrix elements are derived with the help of equation
4.6 and using the fact that I} = I, V; = RpIp and I; = 0:

Vi Vi Vi
A=—|p=0=0 (4.7a) B=—|y,=0= v = R (4.7b)
VL Ir Yi
R
I; i
C=— |1L:()= 0 (4.7¢) D=— |VL:0: 0 4.7d)
VL IL

Equations 4.7a, 4.7b, 4.7c and 4.7d prove that the obtained amplifier is indeed a OTA since only the B
parameter is set and the other elements are 0.

4.3.3. Noise performance

The noise analysis will be performed on the circuit given in Figure 4.2d. To model the noise of the amplifier,
voltage sources have been added for each resistor, a voltage source has been added for the opamp (E,,) to
simulate the input voltage noise density and two current sources (I,,+ and I,,) have been added to the opamp
for the current noise density as given in Figure 4.3, this opamp circuit noise model has been taken from [20].
These noise sources are in the following units: \/%7 or \/isz'

The goal is to find an expression for the noise power density for both the output and the input signal of
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Figure 4.3: The simple OTA, with the noise sources added to it.

the amplifier. In order to do this, an expression for the output voltage V; with the noise sources (Er) added
to it will have to be found first. The full derivation can be found in subsection B.9.1, but the expression for
Vi + Er is given below:

R R
Vi+E =+ R—L)(Vs +Ers+Eop+ Ini R — I,- R+ Eyp + R—LERO (4.8)
0 0

With this equation, the noise power density can be found at the output of the amplifier. Because the goal
is to find an expression for the noise power density the input source V; is set to zero. This means that V is
also zero since there is a linear relationship between the two, given by V; = (1 + %) Vs. Considering that the
RMS value is wanted, all terms in the equation have to be squared and summed, this is possible since all noise
sources are independent from each other. This results in Equation 4.9, which shows the noise power density
at the output of the amplifier.

R R
E? = (1+ -2 (B3 + B2, + 12, RY) + I5_R? + B2 + (—2)°E5 (4.9)
Ry Ry 0

To get the noise power density at the input of the amplifier, Equation 4.9 needs to be divided by the gain,
given by (1 + %)2. This results in the following equation, which is the noise power density at the input of the
amplifier !

p .

IR+ E? + (3 E3,

Eizrz:Efs"'Ezz)p"'I;zHR?"' Riz (4.10)
(I+%)
Given that S = E? and that S; = I2, = I2_, Equation 4.10 can be rewritten as follows:
SiR2+ S, + (By2sp
Sin:Srs+SOP+SIR§+ rL ’ L i (4.11)

(1+ 752

This equation shows that the noise at the input of the amplifier is mostly dominated by the noise sources
of the opamp, since typically speaking S, is larger than the other terms in the equation.

To confirm the calculation of the noise power density, an external computer tool was used. In the course
Structured Electronics Design the tool SliCap, developed by the TU Delft professor Anton Montagne, was
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Figure 4.4: SPICE circuit of the simple transconductance amplifier with nullor as a controller

taught and it is also covered in [18]. With this tool, the circuit can be calculated symbolically. Thus, also the
noise can be calculated symbolically. First, the amplifier with the noise sources modeled in it must be built
in a SPICE circuit simulator [5]. The circuit from Figure 4.3 was recreated but with a nullor instead of the
opamp. This circuit is given in figure 4.4. By running the code given in Appendix C.1.1 the resulting input-
referred noise of the simple OTA is obtained as given in equation 4.12.

2 4TkR§ense .
Ssre = Sy + RippseSi + ———— + 4T kRsense if Rr, > Rsense (4.12)
L

From Equation 4.12 it can be seen that the noise at the input of the amplifier is mostly dominated by
the noise power density of the opamp, since typically speaking S, > S;. Rsense must also be smaller than
one to get the gain of the amplifier larger than one as dictated by Equation 4.7b. All the other terms in both
equations are negligibly small. This backs up the hand-calculated equation and gives an extra confirmation
that it is correct. As performing noise analysis on the other circuits is very tedious, SliCAP will be used in the
future to perform this analysis.
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4.4. Howland

The Howland circuit [16] is an alternative to the simple OTA, as derived in the previous section. The Howland
circuit is given in Figure 4.5.
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Figure 4.5: Howland two port representation with nullor as a contorller

4.4.1. Circuit analysis
In Appendix B.8, the nodal analysis of the derived Howland circuit is presented. The chain matrix elements
A, B, C and D are the following:

R R R
A= —I(E -1 (4.13a) p= ZcB1P (4.13b)
R, «a Roa
C= (1-a (4.13¢) D= Ry (4.13d)
aR; aR,

It was already derived that the matrix elements A, C and D must be equal to zero in order to create a VCCS.
When itis assumed that R», R; > R, holds true, the chain matrix elements C and D are set to zero by ensuring
that R, > Ry, |(1 - a)| > 0 and element A is set to zero if the following equality (as derived in section B.8) is

valid:

R2 R4
—_— = (4.14)
R1 R3

4.4.2. Noise performance
In appendix B.10 the calculation of the input referred noise is given for the circuit as given in Figure B.13. The
resulting input referred equation is given as Equation B.75, which for case R;, R», R3, Ry > Ry, Ry becomes:

R?R?S;  4kTR\R?  4kTR?R?  4kTR?R,

Ssre =Sy, + + + 4.15
T (R4 R)? (Ri+R2)? Ry(Ri+R2)?  (Ry+Ryp)? (419
The equation is further reduced by assuming that Ry, Ry, R3, Ry = R:
28; 2kTR?
Ssre =Sy + +2kTR+ B +2kTR, (4.16)

2¢.
Since R > 0, the contribution to % and S, are dominant.

4.5. Comparison

In this section the simple OTA structures as present in section 4.3 and section 4.4 are compared. First, the
circuit structures are compared using the circuit analysis from subsection 4.3.2 and subsection 4.4.1. Then,
the noise performance from 4.3.3 and 4.4.2 are compared. At the end of this section the simple OTA structure
is chosen on which the further design will be based.
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4.5.1. Circuit structure comparison

From the circuit analysis of the Howland amplifier it is observed that in order to set the chain matrix A equal
to zero, Equation 4.14 needs to be fulfilled. The output resistance is dependent on the value of A. The output
resistance becomes,

_B_ R p
_Z_,B—a

R, (4.17)
using Equations 4.13a and 4.13b. In order for R, to approach infinity, A in Equation 4.17 must approach
zero. That is the case if the relation given in Equation Equation 4.18 is met. Real resistors have tolerance, this
means that the equality as given in Equation 4.18 changes to Equation 4.19 where D is the deviation from
zero value and p the tolerance of the resistor. Due to this deviation the denominator 8 — a of Equation 4.17
changes to non-zero value and thus the R, decreases. By maximizing the term ﬁ—f and minimizing the term

% in Equation 4.19 the maximum deviation as given in Equation 4.20 is obtained. The full derivation of the
equation 4.20 is given in section B.8.

R, R
2_2 ) (4.18)
Ri R;3
_R(0xp) R(O%p)
Dtolerance = R1(1 ¥ p) Rg(l ¥ ,D) (4.19)
R2
Dmax =4p—= (4.20)
PRI

Plugging the maximum deviation D, ,x from Equation 4.20 into Equation 4.17 results in the following output
resistance:

_ Rle,B

= 4.21
°= oty (4.21)

From Equation 4.21 it becomes clear that a very small tolerance p of the values of the resistor is needed to
maintain a high output resistance.

4.5.2. Noise comparison

The terms S, and S; are dominant in Equation 4.16 for the Howland current pump. For the simple OTA, only
the term S, in Equation 4.12 is dominant. Meaning that the simple OTA adds less noise to the signal than the
Howland circuit.

4.5.3. Circuit choice

It was decided to base the design of the VCCS on the simple OTA because its noise performance is better and
there are no additional requirements needed on the circuit elements to maintain a high output impedance. In
the upcoming chapter, the simple OTA is analyzed as a control system and ways to improve the performance
of the amplifier will be introduced.



Simple operational Transconductance
amplifier and the Composite Amplifier

This chapter will start off with a noise- and control analysis for the simple OTA, which was chosen as the
best suitable choice for this VCCS in the previous chapter since it has better noise performance and does not
impose any additional requirements on the circuit. Then in section 5.2, the conclusions of these analyses will
be used to create an enhanced version of the simple OTA. More analysis will be performed on this enhanced
version in section 5.3, to find out if this amplifier can be optimized for its SNR, THD and stability. Then
in section 5.4, components will be chosen for the amplifier, after which the amplifier will be simulated and
validated in section 5.5.

5.1. Control analysis of the simple transconductance amplifier

By using the black model [7], the amplifier circuit with the operational amplifier as a controller can be mod-
eled as a control system and control theory can be used to analyze the stability and noise performance. Con-
trol theory was taught in the course Systems and Control (EE2S21) and the derivations below and in sec-
tion 5.3 are based on [11].

S + e (o) N
>( ) s G s
- S+ ~_ ¢ °
@, > G
F ok F
(a) Black model [7] of the amplifier. (b) Black [7] model of the amplifier with the noise signal modelled.

Figure 5.1: Black model of the simple OTA

5.1.1. Control analysis

The black model [7] of the operational amplifier is presented in Figure 5.1a, in this model the S is the input
signal, e is the error signal, G is the open-loop voltage gain, F is the feedback factor and O is the output signal.
The derivation of the transfer function H of this model, given in Equation 5.1, is provided in appendix B.1.1:

(0] G
=—= (5.1)
S 1+GF
. 1
lim H=— (5.2)
G—oo F
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If the open-loop gain is larger than zero, the transfer function approaches the reciprocal of the feedback gain
as given in Equation 5.2. Since for the opamp the open-loop voltage is finite, the error made by the amplifier
is given by the following equation (the full derivation can be found in Equation B.1.1).

1
Error~— ifG>0 (5.3)
GF?
From Equation 5.3 it follows that to minimize distortion the open-loop voltage gain needs to be high.

5.1.2. Noise analysis

The calculation of the noise of the, as given in Figure 5.1b, is presented in subsection B.1.2, where the noise
source from the opamp and the input noise is modeled into the system as N. The conclusion of this calcula-
tion, namely the transfer function with the added noise, is given in equation 5.4.

G 1
= ~—,ifG>0 5.4)

Hn = ~
N 1+GF _F

O
N

The noise at the output will behave the same as the transfer function of the model given in Figure 5.1a and
the noise will be multiplied with the gain as given in equation 5.4. Thus the noise at the output is proportional
by the overall gain of the amplifier. And since the gain 1/F is fixed, the only means to decrease the noise at
the output is by reducing the noise at the input.

5.2. Composite amplifier

As concluded above, the THD of the amplifier can be improved by increasing the open-loop gain. A way of
increasing this open-loop gain is to create a composite amplifier. A composite amplifier is an amplifier where
a second opamp has been added inside the feedback loop, the output of this opamp feeds into the input
of the original power opamp. By doing this, the open-loop gain of the total amplifier will have increased
significantly, which in turn reduces the error in the output signal, as derived in subsection 5.1.1.

RL Rsense

(a) A redrawn version of the simple transconductance amplifier. -

(b) The first version of a composite amplifier.

Figure 5.2: Creating composite amplifier

In Figure 5.2b, a redrawn version of the simple OTA is given. Next to it, the opamp X, has been added
to the amplifier, including the resistors R; and R, for the power opamp. While the overall voltage to current
gain gain of the amplifier is still given by m, the distribution of this gain over the opamps can be adjusted
manually with the resistors Ry and Ry, since the original opamp X; has become a voltage amplifier. This will
be used at a later stage in the design process to optimize the amplifier.

5.3. Analysis of the composite amplifier

In this section, control analysis, noise analysis and stability analysis will be carried out on the composite
amplifiers, as given in Figure 5.2b. By doing this a better understanding of the circuit will be obtained, with
which a better choice for the selection of components can be made.
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N1 N2
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(@) Black (7] model of the composite amplifier where S is the input signal, e1(b) Black model of the composite amplifier where S is the input signal,N1 and

and e2 are the error signals, G1 and G2 are the open-loop voltage gains, F1 andN2 are the noise signals, .
F2 are the feedback factors and O is the output signal el and e2 are the error signals, G1 and G2 are the open-loop voltage gains, F1

and F2 are the feedback factors and O is the output signal

Figure 5.3: Black model of composite amplifier without noise source added and with noise source added

5.3.1. Control analysis

In Figure 5.3a the black model [7] of the composite amplifier is presented. If this model is compared with
Figure 5.2b, it can be seen that G1 and G2 model the open-loop voltage gains of the opamp X, and X re-
spectively. By using the transfer function of this model, an equation for the error in the output signal can be
derived. The full analysis can be found in subsection B.1.1. The equation for the error can be seen below:

1+ G2F2

Error = (5.5)
F1(1+ G1G2F1+ G2F2)
G2F2 .
~——ifG1>G2>00rGl=G2>0 (5.6)
G1G2(F1)2
F2 .
Error~ —ifG1 > G2>00rGl =~G2>0 (5.7)

G1(F1)?

According to Equation 5.7 the error in the output gets smaller if the feedback-gain F2 decreases. Since the
feedback gain F1 determines the overall gain of the system, this gain is fixed at a value of 4.71 as given in the
program of requirements. On the other hand, F2 can be chosen freely since this only impacts the individual
closed-loop gain of each opamp, but not the overall gain. Thus, F2 can be used to minimize the distortions in
the output signal. The open-loop gain G1 can also be used to lower the distortions, this will then have to be
as high as possible.

5.3.2. Noise analysis

When adding the noise coming from the two opamps to the model in Figure 5.3a, this results in the model
given by Figure 5.3b. Using this model, an equation for the noise present in the output signal can be derived.
The full analysis can be found in section B.3, but the concluding equation is given below in the case that the
open-loop voltage gain of the two opamps are in the same range:

_GIG2N1 _ G2N2

- + (5.8)
G1G2F1 G1G2F1
N1 N2 N1 .
=—+——=— Since Gl >0 (5.9)
F1 G1F1 F1
(0] 1
—=~—ifGl1=G2>0 (5.10)
N1 F1

Equation 5.10 shows that the noise at the output of the signal is mostly dependent on the noise coming
from the first opamp, provided that the open-loop voltage gain of both opamps are in the same range. This
shows that for the power amplifier, given by G2, noise is not of as much importance. On the other hand, the
precision opamp given by G1, must have as little noise as possible.

To confirm this result, SIiCAP has been used to analyze this circuit. The circuit and result from SliCAP can
be found in section B.11. From the given equation it can be seen that most of the noise in the circuit comes
from the first opamp (shown as G1 in Figure 5.3b). This confirms the notion that the noise in the first opamp
should be as low as possible.
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5.3.3. Stability analysis

To make sure that the THD is as low as possible, the gain factor for the power amplifier should be as high as
possible. Given the fact that the gain-bandwidth product (GBWP) for every opamp is fixed, this will cause
the bandwidth (BW) of the power opamp to decrease as its gain increases. If the bandwidth of the precision
opamp is larger than the BW of the power opamp there will be delays due to the power opamp, since the
power opamp cannot keep up with the precision opamp. This delay can cause overshooting. Large overshoot
delivers an underdamped system, which can cause the output to oscillate, thus distorting the output current.
Now there are additional criteria that need to be taken into account when choosing the precision opamp,
which is that the BW of the precision opamp needs to be smaller than the BW of the power opamp.

This new criteria for the precision opamp can be troublesome, since the precision opamp needs a GBWP
that is smaller than the GBWP of the power opamp. The GBWP of the precesion opamp has to be small
enough that its BW is still smaller than the BW of the power opamp with a high gain, which restricts the de-
sign to opamp manufacturers. There is a way to remove the low GBWP criteria, this can be done by creating a
feedback loop for the precision opamp with a capacitor in it. By adding this capacitor, a pole is introduced in
the feedback loop of the precision opamp which will cause the opamp to have a lower gain at higher frequen-
cies. This effectively lowers the bandwidth of the opamp and resolves the oscillation caused by the power
opamp with the low BW. This capacitor has been added in the circuit as can be seen in Figure 5.4.

Vine

Rsense

Figure 5.4: The finalised circuit for the composite amplifier.

5.4. Component selection

Now that the composite amplifier has been analyzed extensively and conclusions have been drawn, values
can be selected for the components of the finalized circuit, which is given in Figure 5.4. The requirements
given in item 2.3. of the PoR are especially of importance for this.

5.4.1. Opamp selection

In the composite amplifier two opamps are present: A power opamp (X;) and a precision opamp (X3). For
the power opamp, it is important that it can deliver at least 7 A peak to peak to a purely resistive load of 8 Q.
This would require the opamp to be able to output at least 56 V peak to peak, but the peak of the output signal
will need to be a few volts below the limit of the opamp to avoid clipping, so it has been decided to go with
an opamp that can output 80V peak to peak. To accommodate these limitations it was decided to go with
the OPA541 [21] as the power opamp. The OPA541 can output 10 A and 80V peak to peak, so it will be able to
fulfill the requirements of item 2.3.1.5. and item 2.3.1.6..

The opamp X, needs to be of high quality: A low noise, high precision, high gain and high GBW is wanted.
As discussed in subsection 5.3.2, the noise is mostly dependent on the opamp X, while the high gain of
the opamp aids in the reduction of the error in the output signal, as discussed in subsection 5.1.1. It also
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does not need a high output voltage, because according to subsection 5.3.1 the closed-loop voltage gain of
the power opamp should be as large as possible to lower the THD. Since the closed-loop voltage gain of the
overall amplifier is fixed, the gain of the precision opamp will automatically be low if a high gain is chosen
for the OPA541. The GBW of the opamp is also not as much of importance since the BW of the opamp will
be limited by the capacitor Cl1. For the precision opamp, the LME49860 [19] has been chosen. It has a typical
noise voltage density of 2.7 nV/v/Hz and a THD+N of 0.00003%, which make it alow-noise and high-precision
opamp.

5.4.2. Power amplifier gain

As discussed in subsection 5.3.1, the gain of the power opamp should be as high as possible to reduce the
error in the output signal. This gain is set by the following equation, where A, is the voltage gain of the power
opamp:

Ap:1+_ (5.11)

There is one limitation to the gain of the power opamp: the precision opamp should not have a gain
smaller than one, as this will cause the opamp to have a positive phase shift, which can cause stability issues.
This limits the gain of the opamp to the voltage gain of the composite amplifier, which is set to the following
equation, where A, is the voltage gain of the whole composite amplifier (see subsection B.4.2 for the full
derivation):

R
Ay=1+—EL

=1+Rigm (5.12)

sense

In order to find the values for R, and R; for which the precision opamp will act as a voltage follower, A,
should be equal to Aj. If Equation 5.11 is set equal to Equation 5.12 the following equation is obtained:

R _ g (5.13)
R =NR18m .

It is known that the transconductance g, of the amplifier should be set to 4.71 (item 2.3.1.3 of PoR) and
Ry is set to 8 Q. According to Equation 5.13, R—f would then be set to 38, this means that R, should be 38 times
as large as R;. These resistors should not be too large, as it would otherwise add unnecessary noise to the
circuit, but on the other hand, they should not be too small to avoid a high power dissipation by R;. For these
reasons it has been decided to go with R; = 100Q2 and R, = 3.8kQ.

5.4.3. Capacitor C; and overall amplifier gain

As discussed in subsection 5.3.3, the goal of the capacitor C; is to reduce the unity gain BW of the precision
opamp so that it is lower than the BW of the power opamp. It does this by adding a pole to the feedback loop
of the precision opamp. Since the closed-loop voltage gain of the power opamp has been decided, a value for
the BW of the power opamp can be found. As can be seen in Figure 5.5, the GBW of the OPA541 is set to 922
kHz. Since the closed-loop voltage gain of the OPA541 is set to 41, the BW of the OPA541 is 22.5 kHz. This
means that the value of the capacitor should be set in such a way that the pole is located at 20 kHz. To find the
value for the capacitor, a transfer function of the composite amplifier is needed. The nodal analysis that has
been done to find this transfer function can be found in Figure B.4.1, the result of this analysis is the following
transfer function:
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Figure 5.5: Bode plot of the OPA541, showing that the 0db-point (and its GBW) is set to 922KHz.
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From this equation it can be seen that a pole is present at the following frequency:

R
__ A (5.15)
C1R;,

1+

Since a value has to be found for the capacitance C,, the equation is rewritten as follows:

(5.16)

The value for the voltage gain A, has already been set in subsection 5.4.2 using Equation 5.11 and Ry is
fixed to 8 Q. To obtain a pole at a frequency of 20Khz, the previously mentioned numbers and s =27 %« 20k Hz
can be used, this results in C; = 40.8uF. This capacitor will cause an increase in THD, where the THD will
increase with the value of the capacitor, so it is important to try and make this value as small as possible. It is
possible to make the value of the capacitor smaller and have the pole stay in the same place. This is done by
adding two extra resistors (R3 and Ry4) to the amplifier as displayed in Figure 5.6.
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Rsense

Figure 5.6: The finalised circuit for the composite amplifier.

By adding these two resistors, the transfer function of the amplifier is now given by Equation 5.17. The
full derivation of this this transfer function can be found in section B.5.

1 (0+3)+RasCy

R4SC1 RL
R R
sense 14 7

H=
Rsense 1+

(5.17)

The equation for the value of the capacitance for a pole at a frequency s is now given by the following
equation:

_ RsenseAp

Ci = 5.18
1 RiRys (5.18)

The value for Aj, has already been set in subsection 5.4.2 using Equation 5.11 and Ry is fixed to 8 Q. This
shows that the value for C; is now dependent on R.,se and Rs. These two resistors also set the gain for the
overall amplifier as follows (this equation is obtained by setting s = 0 for Equation 5.17):

R,
(=—+1) (5.19)

H=
Rsense RS

As Equation 5.18 and the equation above show, there is a trade-off in the value of capacitor C; and resis-
tors Rgense and Ry. Increasing Ry can allow C; to be lower and still have the same pole location and vice-versa,
there is an inversed relation between R4 and C;. The effect of Rge;se On this trade-off is not significant, since
an increase of Rg.,se Will lead to a higher R4 and a lower C; and vice-versa, so the net results in THD/SNR
will be roughly similar. Since it does not impact the result that much, Rgejs. Will be set to 1 Q to make the
calculations simpler.

Since the transconductance of the amplifier is fixed, Rs will have to increase if the value for R, increases,
according to Equation 5.19. As Rgepse is set to 1 Q, Ry has to be 3.7 times as large as Rs (item 2.3.1.3 of PoR).
Since the noise added by R3 gets multiplied by the voltage gain A,, the SNR goes down considerably if these
resistor values get higher. On the other hand, an increase in C; will lead to high values for the THD, which is
also unwanted. As this amplifier is going to be used for a speaker, the THD of the amplifier is more important,
since this impacts listening quality more than the SNR does. Thus, minimizing the THD while remaining
above the limit for the SNR as set in item 2.3.1.8. of the PoR will be the main concern. This trade-off between
the SNR and THD of the amplifier does end eventually if the resistor values keep increasing, so there is a
sweet spot of resistor values that give the best THD possible. These resistor values have been found using
simulations for a pole located at s = 27 * 20k Hz and are as follows:
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Table 5.1: The optimal values for C1, R3 and R4

C 1.4 nF
R3 8 kQ
R, | 29.7kQ

As can be seen, the value for C; is down by a factor of 29000. The added resistors will cause the SNR to
drop, but there will be an even more significant drop in THD, which makes this design choice the right one.

5.5. Results

The finalized circuit can be found in Figure 5.7, in this circuit Xj, is the OPA541 and X; is the LME49860. To
test and validate the amplifier, three types of analysis have been done: transient analysis, AC analysis, and
distortion analysis. By doing this it can be checked if the requirements set in the PoR have been met.
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Figure 5.7: The finalised circuit of the composite amplifier with the values for all the components.

5.5.1. Transient Analysis

For the transient analysis, a 300 Hz signal with a voltage of 1.5 V peak to peak has been used. With this signal
as input, the output current (Figure 5.8b and the output voltage (Figure 5.8b) have been plotted. From these
results, it can be seen that the transconductance of the amplifier is equal to 4.71= (%). From Figure 5.8b it
can be seen that the amplifier is load-independent since the voltage changes linearly with the load to ensure
that the output current does not change, this also then shows that the output impedance of the amplifier
is very high, since a change in load does not affect the output current. These results show that the resistor

values R3, Ry and R, 5 Were set correctly.

1(A)

* T(s) 32 )

(a) A simulation of the output current when the input voltage is 1.5V peak to(b) A simulation of the output voltage for loads of 1-8 Q when the input voltage
peak. is 1.5V peak to peak.
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5.5.2. AC Analyis
For the AC analysis, two plots have been made: the bode plot of the amplifier and the phase plot. These
plots can show the -3 dB points of the output signal, the gain at a range of frequencies and the phase margin.
According to Figure 5.9, the -3 dB point of the amplifier is at 57 kHz and the bode plot is flat for a frequency of
under 800 Hz, as set in item 2.3.1.4 of the PoR. This means that the system has a flat response in the range of
the speaker. At 800 Hz, the phase of the amplifier is -100 m°, which is better than the maximum of 3° that was
set in item 2.3.1.10 of the PoR. The 0 dB point of the amplifier is at 178 kHz, with this value the Phase Margin
(PM) of the amplifier can be found. From Figure 5.10 it can be seen that at a frequency of 178 kHz the phase is
-93°. This shows that the PM of the amplifier is 87°, which means that the amplifier is stable, since it is above
45°.
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Figure 5.9: The bode plot of the amplifier.
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Figure 5.10: The phase plot of the amplifier.

5.5.3. Distortion Analysis

For the distortion analysis, the SNR and the THD of the amplifier have been plotted over a frequency range
of 10-1000 Hz, these plots can be found in D.1. The SNR is fixed at 102.47 dB, which is more than the 100 dB
that was set as a minimum in item 2.3.1.11. of the PoR. The THD is 293u% at 1kHz, which is lower than the
minimum of 0.001% set in item 2.3.1.7. of the PoR. Both these values has been found using an inbuilt function
of Micro-Cap 12.

5.5.4. Conclusion

These results show that all requirements set in the PoR were met for a resistive load of 8 Q. The resistors were
set to the right value for the transconductance, the AC analysis showed that the amplifier is stable, that the
phase difference over the frequency range of the speaker is minimal and the distortion analysis showed that
the SNR and THD were a lot better than were set in the requirements. This means that for a purely resistive
load the amplifier works well. In the next chapter, this amplifier will be tested with an electrical model of the
loudspeaker (subsection 3.2.1) as load.

t



Composite amplifier with realistic load

Now that the design for the amplifier for a purely resistive load has been finished, the load can be replaced
with the electrical model of a loudspeaker. The loudspeaker model is given in Figure 3.11 and the parameters
are given in Table 3.1. The challenge with this realistic load is that the loudspeaker is inductive by nature,
which causes the impedance of the loudspeaker to increase with higher frequencies. This impedance will
have to be compensated for to avoid a too high output voltage that can cause clipping. Considering that the
dipole speaker is used for the higher bass frequencies, this model will be used for the design. If this design
fits the requirements given in the program of requirements, it can be assumed that it will also work for the
monopole speaker. This chapter will start with a problem analysis, then a way to solve this problem will be
given and applied, after which the circuit will be optimized for stability, SNR and THD of the amplifier. This
amplifier will then be simulated to check whether all set requirements are met.

6.1. Problem analysis realistic load

The electrical model that will be used to simulate the loudspeaker was derived in subsection 3.2.1. The loud-
speaker is inductive by nature, thus the impedance increases with a higher frequency, as can be seen in Fig-
ure 6.1. The rising impedance forms a problem, because the amplifier is a VCCS, this means it will try to keep
the same output current by increasing the output voltage. The power opamp OPA541 is limited to an output
voltage of +-40 V, which means that clipping will occur if the impedance becomes too large, this clipping will
cause for deformations in the output signal and will cause the THD to increase significantly. In Figure 6.1, a
resonant frequency at around 40 Hz can also be seen. This resonant frequency will not have to be dealt with,
because the MFB system will be able to compensate for this.

Figure 6.1: Absolute magnitude plot from measured dipole speaker

28
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6.2. Zobel network

A way to compensate for this inductive nature is by adding a Zobel network to the amplifier, this Zobel net-
work is an RC circuit that is placed in parallel with the load, as can be seen in Figure 6.2. This RC circuit
introduces a pole which can compensate for the zero that the inductive load places. In the model given in
Figure 3.11, Res, Lces and Cyes cancel each other out for frequencies above 100 Hz. This means that the load
places a zero at the frequency given by the Equation 6.1a.

29.7k
Rz Cz

106

1u |

Zobel network

Cmes

Rsense

1 - 6.3 1 L
- R2 %3.8k
42.3
R1 1 ]
o Load
Figure 6.2: The amplifier with the zobel network and electrical model of the loudspeaker added to it.
R (6.1a) ! (6.1b)
S§=—= .la S§=—= .
L RC

Using values from Table 3.1 for speaker inductance L, = 2.0mH and speaker resistance R, = 6.3Q and
filling them in Equation 6.1a, results in a zero at 501 Hz. Because this amplifier is a VCCS, the amplifier will
change its output voltage to keep the output current steady. While the Zobel network will cause the output
voltage to remain stable, the current through the load will decrease, because the impedance of the load will
still increase with higher frequencies. The transfer function should be as flat as possible over the frequency
range of the MFB system (20-800Hz). For this reason, the frequency of the pole is set at 1.5 kHz. This should
make sure that the current output remains stable over the range of the loudspeaker. The values for the RC
circuit should then be based on Equation 6.1b, where s = 27 * 1500 Hz. The ideal values for the RC circuit
have been found using a simulation in Micro-Cap 12, they have been optimized for the minimum phase
deviation at a frequency of 1kHz and the flattest response for frequencies that are less than 1 kHz, while still
having the pole located at 1500 Hz. These values are as follows:

Table 6.1: The optimal values for R; and C;

C, | 1uF
R, | 106 Q

In Figure 6.3a and Figure 6.3b, the bode plot and phase plot of the circuit as given in Figure 6.2 have been
plotted respectively. From these plots, it can be seen that the transfer function is flat for frequencies that
are less than 800 Hz, with a max deviation of +- 0.5 dB. The phase deviation at 800 Hz is -2.7°. These results
both meet the PoR. The downside is that the PM is too low, which is set at 27°. This can be solved by using
frequency compensation, which will be discussed in the next section.
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(a) The transfer plot of the amplifier with the electrical model and Zobel network added to it.
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(b) The phase plot of the amplifier with the electrical model and Zobel network added to it.

Figure 6.3: The bode plots of the the amplifier with the electrical model and Zobel network added to it.

6.3. Frequency compensation

Now that the Zobel network has been added there is a flat current response up to 800 Hz, however the PM is
less than 45°. Frequency compensation will need to be performed to increase the PM. When looking at the
phase of the current design given with Figure 6.3b, it can be seen that the phase quickly shifts from 0° to -145°
between 2 kHz and 5 kHz. The speed in which this phase shift happens implies that there is peaking present
around that frequency range, which can be seen with Figure 6.3a. By making the phase shifts from 0 ° to -145°
happen in a larger bandwidth it can increase the phase of the system at the 0 dB frequency because the 0-dB
point of the bode plot will stay in roughly the same position, which causes the PM to be larger. The speed in
which the phase shift occurs is dependent on how large the peaking is, the larger the peak the faster the phase
shift occurs [6]. Therefore, decreasing the peak that is present on the resonance will result in a better PM. The
first step in solving this is by finding out what causes the peaking. The output current of the power opamp
goes through the electrical loudspeaker model and the Zobel network, which is then indirectly fed back into
the precision opamp by Rgense- Since the peak happens at 3.3 kHz, looking at Figure 6.1 it is safe to assume
that the loudspeaker’s L, is significant enough to affect the system. The parallel components Res, Lces and
Cnes can be replaced with a wire for a frequency of 3.3 kHz, since the frequency is high enough that C,;;¢5 will
be short-circuited. Also looking at the precision opamp’s feedback circuit at around 3.3 kHz the capacitor C;
will be in the signal path.

The peaking at around 3.3 kHz has to be the result of the loudspeaker load R, and L., together with the
Zobel network and the filter C; of the precision opamp. The next step is to figure out where the frequency
compensation should be added. Placing the frequency compensation around the load is undesirable, since
the component noise will contribute a lot to the total noise of the system, furthermore output power will be
lost because it is used by the frequency compensation components. Adding the frequency compensation at
the Zobel network is also not desirable, because the new component can remove the flat current response
at the output of amplifier. This only leaves the filter of the opamp. The only requirement for the precision
opamp filter is that high frequencies should be be removed from its BW. Now that the location of the frequency
compensation is known, the next step is to find out what components should be used, in what configuration,
and what value it should have. Seeing that zeros can cancel poles, placing a zero at the resonance frequency
will decrease the peak value, which results in the phase shifts from 0 ° to -145 ° to happen in a larger band-
width, thus resulting in a better PM. Adding additional poles can deliver new complications, therefore the
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frequency compensation component should preferably only deliver an addition zero and no poles. Keeping
this in mind, together with the fact that only high frequencies need to be removed from a precision opamp,
this will result in the frequency compensation component being a resistor in series with the capacitor. The
new RC circuit will have a zero located at s = —R—IC, adds no new poles in the system, and only filters out the
high frequencies for the precision opamp. Finding the value for the new resistor mathematically is extremely
troublesome given all the variables that play a role, therefore it was decided to find the resistor by looking at
the bode- and phase plot with different resistor values. The plots can be found in Figure 6.4, where Figure 6.4a
is the bode plot and Figure 6.4b is the phase plot. The best value for the resistor is the smallest value where
the PM is above 45°, since a large value should be avoided because it would add a lot of noise to the circuit.
Based on these plots, the optimal value was found to be the following, which results in a PM of 46.2°:

Table 6.2: The optimal values for R5
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(a) The transfer plot of the amplifier with varying values of the resistor R5.
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(b) The phase plot of the amplifier with varying values of the resistor R5.

Figure 6.4: The bode plots of the the amplifier with varying values of the resistor R5.

6.4. Adjustment of overall gain

To avoid a decrease in current in frequencies less than 800 Hz, it was decided in section 6.2 to place a pole at
a frequency of 1500 Hz. This does mean that the impedance will increase for the frequencies less than 1500
Hz, thus the voltage will increase too. Since the MFB system works up till 800Hz, it is also required that no
clipping occurs for these frequencies (item 2.3.1.11. of PoR). The current overall gain of the amplifier, as set
in subsection 5.4.3, has been based on an impedance of 8 Q. For a maximum input signal with frequencies
above 550 Hz, the voltage required to drive the load is above the limit of the OPA541. To accommodate these
frequencies too, the overall gain of the amplifier will have to be lowered. To avoid clipping of the voltage in all
cases, the overall gain had to be set to a value of 3.48. To avoid changing the locations of the pole set by C;, Rs
had to be increased to set this gain. To set the gain, Equation 5.19 has been used. Keeping R4 and R the
same, calculating for the new value for R; resulted in a value of 12 kQ.

Now that the adjustments to accommodate the realistic load have been made, the circuit can be simulated
and validated. This will happen in the next section.
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6.5. Results

The finalized circuit can be found in Figure 6.5, in this circuit X is still the OPA541 and X> is the LME49860.
To test and validate the amplifier, three types of analysis have been done: transient analysis, AC analysis, and

distortion analysis. By doing this it can be checked if the requirements set in the PoR have been met.

R4
29.7k
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| RS 106 1u
1.4n 5.5k
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! 12k -
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+ X1
g - 1 L
- R2
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Figure 6.5: The finalised circuit of the amplifier, with the Zobel network and realistic load added to it.

6.5.1. Transient Analysis

For the transient analysis, the output current is shown for two input signals of 1.5 V peak to peak. The first
signal has a frequency of 300 Hz (Figure 6.6a) and the second one a frequency of 800Hz (Figure 6.6b. Now that
the gain has been adjusted in section 6.4, no clipping occurs when the input signal is 800 Hz, as can be seen
in Figure 6.6b. A very noticeable thing is that there is a difference in the transfer function of 0.62 dB between
300 Hz en 800 Hz. As stated in item 2.3.2.2. of the PoR, this is above the requirement that was originally set
in the trade-off requirements. This is because there is a trade-off between the stability of the circuit and the
location of the ringing. It would be possible to adjust C; and R; in such a way that the ringing shifts to the
right and that the deviation would become less, but that would cause the peak of the ringing to increase and

thus also the phase shift. Considering that the requirement is in the list of Trade-off Requirements (ToR), it
has been decided that this 0.62 dB deviation is acceptable with the stability that it brings
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(a) A simulation of the output current when the input voltage is 1.5 V peak to

(b) A simulation of the output current when the input voltage is 1.5 V peak to
peak with a frequency of 300 Hz.

peak with a frequency of 800Hz.

6.5.2. AC Analyis

For the AC analysis, two plots have been made: the bode plot of the amplifier and the phase plot. At 800 Hz,
the phase of the amplifier is -2°, which is better than the maximum of 3° that was set in item 2.3.1.10 of the
PoR. The 0-dB point of the amplifier is at 8 kHz, with this value the Phase Margin (PM) of the amplifier can be
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found. From Figure 6.7b it can be seen that at a frequency of 8 kHz the phase is -129°. This shows that the PM
of the amplifier is 51°, which means that the amplifier is stable, since it is above 45°.
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(a) The transfer plot of the finalised amplifier.
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(b) The phase plot of the finalised amplifier.

Figure 6.7: The bode plots of the the finalised amplifier.

6.5.3. Distortion Analysis

For the distortion analysis of the SNR and the THD of the amplifier, the inbuilt function in Micro-Cap 12 could
not be used because the load consisted of more than one component. This means that both the SNR/THD
have to be calculated manually. For the THD, this could be done using the HARM() function of Micro-Cap 12.
This function plots all harmonics present in the signal, from which the THD can be calculated by measuring
all the peaks and using the following equation:

2 2, 12
VVE+VE+VE+..
i
In this equation, V; stands for the RMS value of the fundamental frequency, and the others stand for the

higher harmonics. When the harmonics are plotted and plugged into Equation 6.2, a THD of 0.000432% was
found. Which is lower than the 0.001% set in item 2.3.1.7 of the PoR.

THD = * 100% (6.2)

The SNR of the amplifier is set to 100.92 dB, the whole calculation can be found in subsection B.7.1. Ac-
cording to PoR item 2.3.1.8 the SNR is allowed to be 96 dB, thus the amplifier meets all requirements.

6.5.4. Conclusion

These results show that all requirements set in the PoR were met for the electrical model of the loudspeaker.
The AC analysis showed that the amplifier is stable at all times and that the phase difference over the fre-
quency range of the speaker is minimal and the distortion analysis showed that the THD was better than was
set in the requirements. A method has been found to calculate the SNR, which resulted in a SNR that is above
the one set in the PoR. This all shows that the amplifier works for the electrical model for the loudspeaker,
which will be the final design of the amplifier for the MFB system.



Discussion

The results which were given in section 6.5 show that the amplifier works as intended and performs better
than was set in the PoR, except for the SNR, which is unknown at this date. This should be the case since the
results will most likely not be as good in a real prototype. Due to the restriction given by the current pan-
demic (COVID-19), it was not possible to construct and measure the circuit throughout this entire project. By
doing this, more design flaws might have been found, which do not show up in simulations. In the finished
prototype of the amplifier, extra distortions might also be present which could reduce the performance of the
amplifier.

It was stated that the amplifier is supplied by a +40V power source. However, different voltages were
needed for the VCC and VEE of the precision opamp. In simulations, one can simply change the VCC and
VEE supply voltage for the opamp to the required value. For the real prototype, voltage regulator or a buck
converter would need to be used to achieve the +22V necessary for the precision opamp.

The results of the simulations show that the THD is 0.000432 % which is less than the required THD. Even

with the above-mentioned distortions that might occur, it is expected that the SNR and THD will both still be
better than was originally required in PoR, but it was not possible to confirm this.
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Conclusions, recommendations and future
work

8.1. Conclusions

The focus of this report is on the design of a voltage controlled current source (VCCS) amplifier for a loud-
speaker. The goal of the design is to meet the requirements as given in Table 8.1. First, the type of amplifier is
chosen by using an in-depth analysis of the distortions coming from the loudspeaker. With a current source
(CS) for the speaker, there is no current modulation due to (non-)linear impedance modulation, while with a
voltage source (VS) there is. Looking at the relationship between the net force F = m * a and the Lorentz force
F = Bli, it can be seen that the acceleration is proportional to the current. By not adding current modulation
the system will be more linear. That is why a voltage-controlled current source (VCCS) was chosen.

Table 8.1: Amplifier design requirements

THD 0.001 %

SNR 100 dB
Phase margin (PM) 45°
Phase at 800 Hz 3°

The design is based on operational amplifiers (opamp) and it was started with an operational transcon-
ductance amplifier (OTA), which was renamed to simple OTA, and a Howland amplifier. They have been
compared to one another based on their noise analysis and circuit analysis, from which it was concluded that
the OTA was the better choice for this VCCS because it had better noise performance and did not pose any
additional requirements on circuit elements. The noise of the simple OTA is dependent on the input voltage
noise of the power opamp S,, while the noise of the Howland is dependent on both the input current and
voltage noise of the power opamp (S, and S;). The performance of the OTA did not meet the requirements as
given in Table 8.1, as its THD was too high and its SNR too low.

A second opamp, a precision opamp, has been added inside the feedback loop of the power opamp from
the first design, to make a composite amplifier. This greatly enhances the SNR and THD of the amplifier. To
get a low THD the gain of the power opamp should be as high as possible, causing its bandwidth (BW) to
decrease. Because the overall gain of the composite amplifier is fixed to 4.71, the gain of the precision opamp
will decrease, causing its BW to increase. If the BW of the precision opamp is larger then that of the power
opamp it will overshoot and start to oscillate. A way to solve this problem was by using a filter in the feedback
of the precision opamp, effectively lowering its BW.

After optimizing the resistive load circuit for its components and performing frequency compensation the
design met all requirements given in Table 8.1. The SNR is 102.47 dB, which meets the required 100 dB. The
THD is 0.000293 %, which is lower than the required 0.001%. The phase margin is 87 °, which is larger than
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45°, meaning that the amplifier is stable and robust. And the output current at 1Khz has a phase shift of 0°
compared to the input voltage, which is lower than the 31° that is given in Table 8.1. The fact that all require-
ments were met means that for a purely resistive load the amplifier works well: it is stable, robust, with a high
SNR and low THD.

Since the loudspeaker does not behave as a resistive load but has an inductive nature, the speaker model was
derived. This inductive nature results in a high impedance as seen from the amplifier for high frequencies.
Meaning that to maintain the same output current the amplifier has to deliver a larger voltage. The voltage
of a power supply of the amplifier is limited to +£40 V. That is why to counteract the increase of impedance at
higher frequencies where the amplifier starts to run out of the supply voltage, a Zobel network was designed.
The Zobel network counteracts the increase of the impedancas seen by the amplifier, but it has adds an un-
wanted phase shift at 800 Hz causing peaking. To increase the phase at 800 Hz a resistor and a capacitor were
added as a feedback of the precision amplifier. This added a zero near the peaking which decreased the peak-
ing and thus increased the phase at 800 Hz. The design with the loudspeaker model as a load has a THD of
0.000427 %, PM of 51° and phase at 800 Hz of -2 °. A SNR of 100.9 dB. By comparing this values with Table 8.1
the amplifier met all the requirements.

8.2. Recommendations

Calculation of THD and SNR were done in the circuit simulating program MicroCap. This calculation is easy
to do when dealing with a real load. But it becomes more cumbersome to do when using complex impedance
as a load. The reason being that Micro-cap can only simulate the THD and SNR of a one component load,
which the complex loudspeaker is not.

8.3. Future Work

In this amplifier design, all the theory and the simulation is an approximation of the real world, and unfor-
tunately the proof of the pudding is in the eating. That is why to measure the performance of the proposed
amplifier, the amplifier has to be build and tested. Protection circuits were not added in the design. To name
a few: an over current protection circuit is needed for the output and a protection method which stops the
amplifier from working if no load is attached.

The designed amplifier in this report acts as a class A amplifier, meaning that it conducts for the whole period
of the cycle. The other op amp classes can be investigated. For example, a very efficient class D amplifier,
which has switching transistors in order to modulate the signal into the desired gain. Since the transistors are
fully on or fully off during a fixed period of time they consume less power due to the fact that in that mode
transistors have the lowest resistance. It might be interesting to see how this amplifier concept would perform
in a different class, since the power efficiency will then be greatly enhanced.
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Extra Theory

A.1. Finding the equivalent loudspeaker impedance parameters from mea-
sured loudspeaker impedance graph

Now that the electrical model is given, it is time to find the values for the model. The impedance measurement
for both monopole and dipole speakers were done and can be seen at Figure A.1a and Figure A.1b.
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A.1. Finding the equivalent loudspeaker impedance parameters from measured loudspeaker impedance
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Figure A.1: Absolute magnitude impedance for both subwoofers

The values for the electrical model can be found using Figure 3.11, Figure A.1 and the Epol manual [10].
The first thing to notice is that Res, L..; and Cy,.s are all connected in parallel and thus can be seen as one
impedance that is frequency-dependent. The total impedance for the RLC circuit is given with Equation A.1,
At alow frequency the total impedance for the parallel circuit is approximately 0, leaving only the impedance
of the voice coil. The characteristic impedance for an inductor at low frequencies is also approximately 0.
Thus meaning that at low frequency(below the resonance frequency) the measured impedance of the loud-
speaker is equal to Re [10].

The next interesting frequency to look at is the resonant frequency. Seeing that there is only one RLC cir-
cuit present. This circuit causes the resonant characteristic of the speaker. At resonant frequency there is no
imaginary load, meaning the total impedance of Zg;¢ is equal to Re;. L, is approximately 0, once again using
the fact that the characteristic impedance of an inductor is approximately zero at low frequencies. This means



40 A. Extra Theory

that the measured impedance at the resonant frequency is equal to Re+Res [10]. Next, at high frequencies,
Equation A.1 is once again approximately zero. This time the L, is not approximately 0 and it is noticeable
when comparing its magnitude with R,. Thus at higher frequencies, the absolute measured impedance is
equal to the |Re + jwL| [10]

Now that it is known how the circuits impedance changes at different frequencies it is time to find the
values. The easiest value to find is R,. In theory simply look at the impedance of the speaker at around 0 Hz
as it should be constant. In practice it is very difficult to measure around 0 Hz, as can be seen from Figure A.1.
Thus instead look for the first point after 0 Hz where the impedance is flat.

The next value to find is R.¢s. As mentioned before at the resonant frequency the measured impedance is
equal to R.es + R.. R, is already known thus R, is also known. Next are the C,;,s and L5 values. The res-
onance caused by these two will be used to find their values. First using the resonance frequency. By simply
finding at which frequency Y7, + Y¢,,.. is equal to zero the resonate frequency equation can be found. This
is given with Equation A.2. The next characteristic of the resonance that will be used is the bandwidth. The
bandwidth in which the impedance is equal to Re+—\/§”. The bandwidth can be calculated using Equation A.3
[6]. For a parallel circuit the quality factor is given with Equation A.4 [6]. Now combining Equation A.2 up to
Equation A.4 the Equation A.5 can be derived. By measuring the resonance bandwidth and using equation
Equation A.5, Cy,es can be found. Then using Equation A.2, L., can be found.
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As mentioned before, the absolute impedance of the loudspeaker at high frequencies is given as Z,;c4sureqd =
|R.+ jwL,|. Now rewriting the equation to remove the absolute sign and the imaginary part of the impedance
results in Equation A.6. In theory this value is constant at higher frequencies. In practice this is not so looking
at Figure A.1 if 1kHz was chosen it would have a different value for L, than if 5kHz was chosen. This can be
seen by extrapolating the graph using only frequencies up to 2-3 kHz. Seeing that the CS only needs to work
at low frequencies the inductance at around 2-3 kHz was chosen.

L Zrzneasured B Rg (A.6)
e 47'[2f2 :

Now the values for R, Le, Lces, Re ,and Cyyes for both monopole and dipo L, speakers can be found.

A.2. Chain matrix and nullor
The following sections are based on [12] which is part of the bachelor course EE1C31.

A.2.1. Chain matrix
The chain matrix as given in matrix equation A.7 describes two ports element which is illustrated in Figure

A2
A B

C D

Vo
Io

I (A7)

i)
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Figure A.3: Two port representation of the amplifier

Vi Two port V,

Figure A.2: Two port circuit

The elements A, B, C and D in matrix equation A.7 can be found with the help of the following equations:

V; = AVp + Blp (A.8)
Ii=CVp+DIp (A.9)

The elements A and C can be found by cutting the output port as given in A.10 and A.12. The elements B
and D can be found by short circuit the output as given in equations A.11 and A.13.

Vi

A=— |7 - A.10
v, l1,=0 (A.10)
V.

=Yy, (A.11)
o
I

C=—|; - A.12
v, l1,=0 (A.12)
I‘

p=2ty, (A.13)
Io

With the help of the chain matrix the input and output resistance can be calculated. The impedance of
the source and the resistance of the load are added to the diagram A.2 and the total diagram is given in Figure
A.3. By substituting Vp = Ip Ry, in equations A.8 and A.9 we obtain the two following equations:

Vi = (AR, +B)Io (A.14)
I;=(CRL+D)Ip (A.15)

By dividing equation A.14 by the equation A.15 the input resistance is obtained and it is given in equation
A.16.

AR+ B
= (A.16)
CRL +D
The output resistance is calculated by first taking the matrix inverse of matrix given in equation A.17:
vil_[4 B[V
| |C D I;
)= asel e ]
_ A.17
[Io] AD-BC |-C A ||I; ( )
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From matrix equation A.17 the following equations are extracted:

(AD - BC)Vp = DV; - BI; (A.18)
(AD-BC)Ip=-CV; + Al (A.19)

Then by substituting in equations A.18 and A.19 V; = —RSI; the following equations are obtained:

(AD—-BC)Vo=—-(DRs+ B)I; (A.20)
(AD-BQ)Ip=(CRs+ A)I; (A.21)

To calculate the output resistance the output voltage is divided by the reverse of the output current:

Vo
_Io

Thus by dividing equation A.20 and equation A.21 and the multiplying it by -1 the output resistance is ob-
tained and it is given in equation A.22
_ DRs+B

=— (A.22)
CR;+A

o

A.2.2. Nullor

Nullor and the components it is made of are given in Figure A.4. The nullator is an element that nullifies the
current and voltage for all input voltages and currents values. Norator is the circuit element that can deliver
any voltage for any current and vice versa.

Nullator Norator

Figure A.4: Nullor that consist of a nollator and norator

We can describe the nullor with the chain matrix since the nullor is a two port element.

From the equations A.10, A.11, A.12 and A.13 it is obvious that the nullor chain matrix elements A, B, C
and D are equal to zero. That is because the V; and I; in equations A.10, A.11, A.12 and A.13 are set to zero by
the nullator.

Figure A.5: Representation of operational amplifier

What real component can replace the nullor? One of the candidates is the operational amplifier that is
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presented in Figure A.5. The ideal OPAMP has the following input/output relation:

V, = A(Vy — V_) Alis the open-loop gain (A.23)
V,=V_ (A.24)
I;=0A (A.25)
+ +
+
Vin AVip Vo

Figure A.6: Equivalent model of operational amplifier

Based on the equations A.23, A.24 and A.25, the equivalent circuit of the opamp is derived using the
voltage-dependend-voltage-source. The equivalent circuit of the OPAMP is given in Figure A.6. The chain
matrix of the circuit in Figure A.6 is derived by taking into account equation A.25 and V, = AV;:

A Vi V]
T Vo 10707 Ay, T A,
Vi A0
B:_|Vo:0: =0
Io AyV;
c=10 1 0=0
= 7t lio=0=
I;

D=2y 0=0
IO|VOO

For and ideal amplifier A, goes to infinity and thus A, goes to 0. Meaning that the chain matrix is the same as
that for the nullor. Since the gain of the real opamp is finite the operational amplifier can only approximate

the nullorif A, > 0.



Calculations

B.1. Control analysis of the simple transconductance amplifier
B.1.1. Control analysis

S
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Y

Figure B.1: Black model [7] of the amplifier where S is the input signal, e is the error signal, G is the open-loop voltage gain, F is the
feedback factor and O is the output signal

The transfer function of the model given in Figure B.1 goes as follows:

e=S-0F
O0=Ge
O0=G(S-0F)
O(1+GF)=GS
GS
“1+GF

By dividing both sides of the equation by s the total transfer function is derived and given in equation 5.1.

0] G
H===
S 1+GF

(B.1)
When the gain goes to infinity the overall gain is given in equation 5.2.
. 1
lim H= — (B.2)
G—oo
The following calculation is for the error made by the amplfier:

44
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1 G
Error=—=-
F 1+GF
_1+GF-GF

F(+GF)
1

F

T 1+GF

B.1.2. Noise Analysis

Figure B.2: Black [7] model of the amplifier where S is the input signal, N is the noise signal, e is the error signal, G is the open-loop

voltage gain, F is the feedback factor and O is the output signal

In the model given in Figure B.1, a noise source is added as represented in Figure B.2. The derivation of the

transfer function with added noise sources goes as follows:

e=(S+N-OF)
O0=Ge

O0=G(S+ N-OF)
0=GS+GN-GFO
O(1+GF)=GS+GN

= S+
1+GF( N

If the signal S is set to zero and both sides are divided by N we get the transfer function of the noise and it is

given in equation B.3.
0] G
HN = — =
N 1+GF

B.2. Control analysis of the composite amplifier

S

Y

G1

l v +

F1

A

(B.3)

el + e2

G2

F2

A

Figure B.3: Black model [7] of the composite amplifier where S is the input signal, el and e2 are the error signals, G1 and G2 are the

open-loop voltage gains, F1 and F2 are the feedback factors and O is the output signal
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The transfer function of this model is calculated as follows:

el = (S—OF1)
e2=Glel —OF2
O =G2e2
0= G2(Glel — OF2))
0= G2(G1(S— OF1) — OF2))
0= G1G2S— G1G20F1 — G20F2
O(1 + G1G2F1 + G2F2) = G1G2S
G1G2S
" 11 G1G2F1 + G2F2

By dividing both sides with S the transfer function is obtained and is given in equation B.4.

e G1G2
" (1+G1G2F1 + G2F2)

The gain of the composite amplifier only determined by F1 as given in equation B.5.

. G1G2 1
lim H=———=—
G1,G2—c0 G1G2F1 F1

The error made at the output by the amplifier because of the finite gain is:

1 G1G2
Error=—-

F1 1+G1G2F1+G2F2
_ 1+G1G2F1+ G2F2 - G1G2F1

F1(1+G1G2F1+ G2F2)
1+ G2F2

~ F1(1+ GI1G2F1+ G2F2)

The error made at the output by the amplifier if the gain G1 and G2 are much greater than 1.

1+ G2F2
Error=
F1(1+ G1G2F1 + G2F2)
G2F2 .
~———ifG1>G2>00rG2~G2>0

G1G2(F1)2

F2 .

Error~ ——ifG1>G2>00rG2=G2>0
G1(F1)2

B.3. Noise analysis of the composite amplifier

N1 N2

S + + el +yv + €2

F2

F1

(B.4)

(B.5)

(B.6)

Figure B.4: Black model of the composite amplifier where S is the input signal,N1 and N2 are the noise signals, el and e2 are the error

signals, G1 and G2 are the open-loop voltage gains, F1 and F2 are the feedback factors and O is the output signal
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The transfer function of the model is calculated as follows:

el = (S+N1—-OF1)
¢2 = (Glel + N2 — OF2)
0= G2e2
0= G2(Glel + N2 - OF2)
0= G2(G1(S+ N1—-OF1) + N2 — OF2)
0= G1G2S+ G1G2N1 — G1G20F1 + G2N2 — G2F20
O(1 + G1G2F1 + G2F2) = G1G2S + G1G2N1 + G2N2
G1G2S+G1G2N1 + G2N2
T 1+ GIG2F1+ G2F2

By setting the signal to zero the following equation is obtained:

G1G2N1 G2N2

= + (B.7)
1+ G1G2F1+ G2F2 1+ G1G2F1+ G2F2

Equation B.7 can be analyzed for different values of the open-loop gain. Important case is if G1 = G2 > 0. In
that case equation B.7 becomes:

_ G1G2N1 = G2N2
~ G1G2F1  GI1G2F1

N1 N2 N1 .
=—+ ~ — Since G1 >0
F1 Gl1F1 F1

(0] 1 .
—~—ifGl=G2>0 (B.8)
N1 F1

B.4. Nodal analysis of the composite amplifier with frequency compensa-
tion
B.4.1. Nodal analysis full circuit

c1

V_Hwnv—————{

Vs

Rsense

W%
Figure B.5: Nodel analysis of composite amplfier without R3 and R4

This is the nodal analysis performed on the figure above, with the goal to obtain its transfer function. First of
all, the equation for the node V;,, will be given and rewritten to obtain Oy.

Vi :VL_Vin_i_VxZ_Vin

(B.9)
Rsense RL Z

2 Tin (B.10)
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Vin _ VxZ_Vin

I = (B.11)
Rsense Z
The following equation for Vy, will get substituted in to the previous equation:"
V ItRr+V;
Vo = LR2 = L7 o (B.12)
1+ i 1+ R
This results in:
Vi 1 II1RL+V;
=t LAtV oy (B.13)
Rsense Z 1+ R_2
1
1 R Vi 1 Vin
I;1+—= )= -—= = Vin) (B.14)
Zl+% Rsense Z 1+% "
1 1
1 R Vi Vi 1
LA+ ———)= 1 - (] (B.15)
Zl+R—2 Rsense Z 1+R_2
1 1
1 _ 1.1 _
IL Rsense Z(1+% )
T = 171 7 : (B.16)
in + =
Ziegt
1 1,_1
RS@"XE - 7(1+]R;72 - 1)
H= ! (B.17)
(1+% %)
L+
_ 1.
ForZ=
Rselnse h SC(l 1272 -
H= — (B.18)
1+ sCH%LZ)

Ry
This concludes the analysis, since an equation has been found for the transfer function H.

B.4.2. Derivation of A,

This derivation is done by using Z = % and setting s to zero, meaning the signal will be a DC signal. After this
is done, the equation will be rewritten to get the voltage gain facto, as follows:

Vin — VL_Vin+Vx2_Vin

(B.19)
Rsense RL Z
Vin__ V= Vin (B.20)
Rsense RL '
VinR
L = V- Vi (B.21)
Rgense
Vi R
ay= L =14 "L (B.22)

Vin RSEI’!S@
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B.5. Nodal analysis of the composite amplifier with frequency compensa-

tion when the resistors for the overall gain have been added

R4

V_x2

Figure B.6: Nodel analysis of composite amplfier with R3 and R4

Rsense

This is the nodal analysis performed on the figure above, with the goal to obtain its transfer function. First of

all, the equation for the node V;, will be given and rewritten to obtain Vj.

ﬂ: ‘/()_‘/in+Vx2_‘/in
R3 Ry Z

Ry Ry
R_?)Vln =W-Vin+ f(vxZ_Vin)

Ry Ry
VW=Vin(1+ R_g) - 7(Vx2 = Vin)
Now the node at Vj will be rewritten to obtain an equation for I;.

Vo +V0_Vin V-V

Rsense R4 RL

Iy

Rsense

It Rsepse = Vo+ —— (Vo — Vi)
Ry

Rsense) —Vi, Rsense
Ry Ry

I1 Rsense = Vo(1 +

If it is assumed that R1, R2, R3, R4 >>> R then the following equation is obtained:

Vi
Ip=—2

RS@}’ZS@

If Equation B.25 is substituted into Equation B.29 the following equation is obtained:

% R R
I =—" -+ 22
Rsense RS RsenseZ

(sz - Vm)

Vo  ILRL-W

Vio = =
Fir) Fir)
1+R1 1+R1

_ Vin Ry Ry ILRL—Vp
I; = 1+—=—)- 7
Rsense Rs3 RsenseZ 1+ R—f

= Vin)

(B.23)

(B.24)

(B.25)

(B.26)

(B.27)

(B.28)

(B.29)

(B.30)

(B.31)

(B.32)
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R R v R R Vi
4 Ly g4, 2 % v (B.33)

IL(l + =
RsenseZ 1 + % Rsense R3"  RsenseZ 1+ %

If it is assumed that 1 + % >>> V), then it turns into the following equation:

Riy, Ry

Vin (1 + Rg) + Z

Ry RL
RsenseZ 1+RJ
Ry

I (B.34)

Rsense 1+

1 A+gh+3

Ry R
RsenseZ 1+ Riz
Ry

H

- (B.35)
Rsense 1+

This concludes the analysis, since an equation has been found for the transfer function H. https://www.overleaf.com/pro

B.6. Total harmonic distortion calculation using MicroCap

In this section a way on how to calculate the THD with the help of the circuit simulator MicroCap is given. In
the same manner as described in this appendix the THD will be calculated for the final design in the report.

An AC sinusoidal voltage source of known frequency is connected to the input of the circuit. Then the
output is simulated in time domain for the chosen quantity using 'Transient analysis’ tool in Micro Cap. Since
due to internal workings of the MicroCap it takes couple of periods of the signal to charge all the capacitances.
In 'Transient analysis limits’ window the time region of the output signal can be selected. By selecting one of
the last periods in the output. Fourier transform of this last period is calculated using 'FFT’ macro provided by
MicroCap. Then the power at the natural frequency and the harmonics frequencies is derived from the plot.
With this values THD is calculated by dividing the power in harmonics by the power in the natural frequency.

B.7. Calculating the SNR using Micro-Cap 12

B.7.1. Derivation

Since the inbuilt function of Micro-Cap 12 could not be used, a different method had to be found for this
calculation. This calculation has been done using the following two equations:

Vout

noise

Vioise = H fONOISEzdf (B.37)

In Equation B.37 a variable called ONOISE is present, this is an inbuilt variable in Micro-Cap 12 which

2
lots the sum of all noise sources, this is given in —=. This variable then gets squared (=), integrated over
p g VHz 8 q Hz g

the bandwidth of the amplifier (V?) and then the square root is taken from it (V). This results in the total noise
voltage at the output of the amplifier. To validate this calculation, it has been performed on the amplifier for
a purely resistive load (Figure 5.7). The results are given in Figure B.7.

SNR =20log,,( ) (B.36)
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Output noise (V)
300u

240u
180u
120u

60u

% 100 1k 10k 100k 1M
Noise Frequency (Hz)

Figure B.7: The total output noise voltage for a given bandwidth of the amplifier.

From these noise values and the output voltage of the amplifier, the SNR has been calculated for different
bandwidths of the amplifier. This SNR has then been compared to the SNR from the inbuilt function in
Micro-Cap 12, these two plots have been given in Figure B.8.

—&— Inbuilt —a— ONOISE

124
123
122
121
120
119
118
117

116
115 \

112
111 X
110 s
109
108

107
106 L

105
104 i S

103
102
101
100

SNR at 800 Hz (dB)

1k 10k 20k 30k 40k 50k 60k
Noise Bandwidth (Hz)

Figure B.8: A comparison of the results from the inbuilt function and the method that was derived in this section.

This plot shows that the results are identical, which confirms that this method works as intended and can
be used to determine the SNR for the amplifier with an electrical model of the loudspeaker as load.
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B.7.2. Calculation of the SNR

For this calculation, three variables are needed: The BW of the amplifier, the output voltage and the total
noise voltage. From Figure 6.7a it can be seen that the BW (-3dB point) is 4.86Khz. It has been measured that

at this frequency the output voltage is 24.8V RMS.

If Equation B.37 is used to calculate the output noise for this amplifier, the result is as follows:

Output noise (V)

500u

400u

300u

200u

100u

10 100 1k 10k

100k

Noise Frequency (Hz)

Figure B.9: The total output noise voltage for a given bandwidth of the amplifier.

It can be seen that at a frequency of 4.86Khz, the output noise voltage is 223 pV. With this result and the
output voltage of 24.8V RMS, Equation B.36 can be used to calculate the SNR. If these values are plugged into

Equation B.36, it results in a SNR of 100.92dB.

B.8. Howland nodal anlysis
(H]
Kirchhoff current law (KCL) at node 1:

Vi=V, Vo=V~
Rx RZ

~I.=0

+

Since R, > R, the term V"1;2V is negligible in equation B.38.The equation B.38 becomes:

V=V,
I, = xR oing > Ry

X

The voltage at V™~ is determined by V and the voltage divider which is determined by Rs; and Ry:

_ R3
Vo=V,
R3+ Ry

R3+R4

1 .
=V,— , where a is
a 3

Rewriting V in terms of V™:

Vi=aV™

(B.38)

(B.39)

(B.40)
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~

Figure B.10: Howland two port representation with nullor as a contorller

KCL at node 2:
Vin=V* Vo= V' _
R Ry
eliminating V*:
1 1 Vi V,
Vi +—)=—"+2
Ry Ry Ry R
Vin VO
R
V=71,
(& * &
_ VinRo VoRy
=
Ri+Ry, R +R
VinR V. R+ R
= — 2+—O,whereﬁis 177
Rifp B Ry

. _yt . . .
By observing that term V’”RIV = [, in equation B.41 V" can be expressed in I},

Vo-V*
R
V, V*

Iin+-2=—
in R, R,

0

Iin +

VY¥=I,R+V,

(B.41)

(B.42)

(B.43)

V* =V~ because of the nullator. By substituting the equations B.42 and B.43 into equation B.40 the following

two equations are acquired:

VinRs Vo
+-2)

Ve=
ol Rp P

Vi=alipnR + V)

(B.44)

(B.45)
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By substituting the equations B.44 I, is expressed in V,, and V;,, as given in equation B.46.

Ry Vo
—( ( Vin —))——
lo= Ry  Rip B R

I Rzaf (_ _ 1)
o Rleﬁ B

By substituting the equations B.45 I, is expressed in V,, and I;, as given in equation B.47.

Vo
((X(Ing + Vo)) = —
Ry

I aR Iin+ "(a 1)
0"’ R n Rx

(B.46)

(B.47)

With the help of Equation B.46 and Equation B.47 the chain matrix elements can be found and the chain

matrix elements ar given in Equation B.48, Equation B.49, Equation B.50 and Equation B.51.

a
Azﬂ“_ zl__ﬁwzﬂ(é_l)
V, "R, Ra R a
gV 1 RRP
=71, T Ra T Rya
Rleﬁ
(d-a)
o I )
=7, =07 R T 4R
] aR—x 2
i 1 R
D=, == R " ar
o OCR—X 2

P 10
a
A_,
a
p=a
R4 R2
1+ —=1+—
3 R1
R2 R4
Rl R3
R2 R4
R1 R3

(B.48)

(B.49)

(B.50)

(B.51)

(B.52)

(B.53)

(B.54)
(B.55)

(B.56)

(B.57)

(B.58)

Due to the resistors tolerance Equation B.58 can have a specific deviation. The maximum deviation is

R4

when the term gf is maximized and the term 2z 73 s minimized. The derivation of the maximum deviation of

equality B.58 due to resistor tolerance p is given below.

R2(1+p)
R3(1-p)

R4(1—p) R2 , R4 A B
=2 B aop?, — ~l1Fpiffp<1
R3U+p S RICTP T gglo P using e = 1E pillp

g(u )Z—E(l— )2~—((1+2 Y= (1-2p)) =4 k2 iff R
R TP Ry p P) =Py A

=~Ry=R3=Rjand p <1
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Vs R Ers
s
' Y
I + I \_/ + V_L
T
a RL< g
+

Erl

VO

Figure B.11: The phase diagram of the amplifier.

B.9. Noise analysis simple transconductance amplifier
B.9.1. Primary analysis

Calculations of the noise in the smimple tranconductance amplifier given in Figure B.11.

Vi = A(V), — V,) A the open-loop voltage (B.59)
Vp = Vs+ Eps+ Eop + Ins Ry (B.60)
V=W (B.61)

Vi+E)—-VW W-E
I+ (VL+E)—-W _Vo—Ero (B.62)

R, Ro

If Equation B.61 and Equation B.60 are substituted in Equation B.59 it results in the following equation:

VL= A(Vs+ Ers + Eop + In+ Rs — Vo) (B.63)

The only unknown variable in this equation is Vp, but this one can be found if Equation B.62 gets rewritten
as follows:

Ry
Iin-Rp+VL+E -V = R—(VO—ERO) (B.64)
0
Ry Ry
Vo(l+ —=)=1,_R + V. +E;;+ —EpRo (B.65)
R() RO

I,-R +Vi+E + %ERO
W=

(B.66)
R
1+
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If Vp in Equation B.63 gets substituted by Equation B.66 it results in the following equation:

I,_R.+V + E,, + %ERO
Vi = A(Vs+ Ers+ Eop + I+ Rs — ) (B.67)
1+&
R()

1 In- RL+Erl+ < Ero
RL) =Vs+Ers+Eop+ Int Rs — (B.68)
i 1+ R_

-
L¥A

If it is assumed that A will be very large, % will be close to 0. In that case Equation B.68 can be rewritten as
follows:

Vi In-Rp+ Epy + £ Ero
= Vs+Ers+ Eop + In+ Rs — i (B.69)
L L
1+ 2 1+ 2
0 0
R, Ry
Vi=01+ R—)(VS +Ers+Eop+1nsRy) —In-Rp+ Ep + R—ERO (B.70)
0 0
2 RL 272 2 2 2 2 2
Ep =+ o) (Efs + Egp + Ty RO + 1 _RI+E? l+( ) Ezo (B.71)
0

To get the noise voltage density at the input of the amplifier, this equation above will need to be divided

. . Ri\2.
by the gain, given by (1 + R—g)z.

E2
2 L
R — (B.72)
a2
I2_R?+ B2+ (§4)%E
Ej, = B+ Egp+ I, R+ (B.73)

(1+ 3102

This concludes this analysis, since an equation for the noise voltage density at the output (Equation B.71)
and input (Equation B.72) of the amplifier have been found.

B.9.2. SliCAP analysis

R ReonsSi  ATKRLRZys  ATKR} Rsons

(RL+ Rsens)®>  (RrL+ Rsens)®>  (Rp+ Rsens)?

Ssre=Sy+ (B.74)

B.10. Noise analysis howland

Using the same code in Appendix C.1.1 on the circuit given in Figure B.13. The source reffered noise signal is
given in equation B.75

R2S,(Ry + Rp)? RZRZR:S;
= +
¢ (RyRy+ RoRa + RiRp)2 ' (RiRa+ RoRa+ RiRo)?
4kTR R5R? 4kTR?R4R? 4kTR?RiR,

B.75
(R1R4 +RyRy + R1R0)2 (RiRy+ RoRy + R1R0)2 (R1Rs+ RyRy + R1Ry)? (B75)
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V2
n »
2y T
var=
pise={S_v/2} 2
dc=0" value=0
nois(ezlac=vasr=i0
a=
N1
28 <
value=0 ' +
dc=0 RL
devar=0
noise=0 {R_L}
I3
value=0|
dc=0
devar=Q V5
noise={B_i} value=0
noise={4*k*T*R_L
de=
V3 va
e
var=|
+ noise={4*k*T*R_saens§
value= c=
- RS
_devar=f
npise={S_v/2}
dc=0" {R_sens}

Figure B.12: SPICE circuit of the simple transconductance amplifier with nullor as a controller

Il
—=
Nullor (\j/alue=8
N_noise . dcvar=
si={S_iy sv={s_v} ~ MPise={FkiT/Ra¥
Ro
]
+
+ Vi
value=0
dc=0
dcvar=0
" noise=0

ol

value=0

R2

. decvar=0
n0|se={4*k*T/tljlc__18 value=0

. dcvar=0
noise={4*k*T/R_2}
dc=0

Figure B.13: SPICE circuit of the howland amplifier with nullor as a controller and equivalent noise sources added
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B.11. Noise analysis composite amplifier
Using the same code in Appendix C.1.1 on the circuit given in Figure B.14. The source reffered noise signal is
given in equation B.76

Sspe = Syp + R42 Si1 (R3 R + R3 Reens + RL. Rsens)z " 4T kRy(R3 RL + R3 Rsens + R Rsens)2 +
RC = Vvl
(RS RL + R4 RL + R3 Rsens + R4 Rsens + RL Rsens)2 (RB RL + R4 RL + RS Rsens + R4 Rsens + RL Rsens)2
4TkRs3 R42 (R + Rsens)z + 4T kR42 RLZ Rsens (B.76)
(R3 Ry + Ry Ry + R3 Rgens + R4 Rsens + Rp, Rsens)z (R3 Ry + Ry Ry + R3 Rsens + Ry Rsens + Rp Rsens)2
IS
\a]ue=:l
Rt O
noiye: {dc=0 | 3
A R_:-
(B3}
14
g
o Tullor Ul
noEa= {J-c:kc T'E 4} M_noize M_noie
si={5_1 1} sv={8_v_1} si= {5 _1_ I} sv={5_v_1}
FL
T {(R.L} T TN s
I s = {F_zenz}
vahe={ N
dovar=0
Lo noEe={4*K*T R_&decn;é
vale=0
| | de=0
devar=0
noize=0

\'a].u-e-= ]

| cvar=0
noie={4*k*T/F_2}
de=0

Figure B.14: SPICE circuit of the composite amplifier with two nullors as controllers and equivalent noise sources added



C.1. SliCap

C.1.1. Simple transconductance noise analysis

%% Variables
fileName = 'simpleY';

o

checkCircuit (fileName) ;

htmlPage ('Circuit data');

img2html ([fileName, '.svg'], 760);
netlist2html (fileName) ;

oo
)

htmlPage ('Noise analysis');

text2html (['The symbolic analysis of noise']);

simType ('symbolic');
gainType ('vi');

dataType ('noise');

source ('V1l'");

detector ('V_Out');
noiseResults = execute();
noise2html (noiseResults);
stophtml () ;
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Simulations

D.1. Composite Amplifier with real load

SNR(dB)
102.48

102.47

102.47

102.46

102.46
10 100 1K
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Figure D.1: The SNR of the amplifier.
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Figure D.2: The THD of the amplifier.
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