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PHIL JONES BASS 

Bass Amplification: 

A Complete Engineering and Musical 
Reference 

 

By Phil Jones 

This document covers bass amplification from first principles — the physics of the loudspeaker 
as a reactive load, the role of back EMF, the power supply as the engine of the system, amplifier 
class comparisons, Class D switching losses, damping factor, transient response, and 
component aging. It is written simultaneously for engineers and musicians. Neither audience is 
asked to accept less than the full picture. 
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LIST OF FIGURES 

Diagrams and Visual References 

Twenty original diagrams are distributed throughout this document. Each is designed to serve both engineers 
and musicians simultaneously. 

 

# Section Diagram title and description 

01 S1, 9 The Complete System Loop 
Energy circulating between supply, amplifier, loudspeaker, and back EMF. The return path that most 
amplifier discussions ignore. 

02 S3 Loudspeaker Impedance vs Frequency 
How an '8 ohm' speaker actually behaves: resonance peak, minimum impedance dip, and inductive rise 
across the audio spectrum. 

03 S8 Class D Efficiency vs Switching Frequency 
Efficiency degrades as frequency rises. GaN vs silicon MOSFET curves. Where the Class D efficiency 
advantage over Class A-B disappears. 

04 S11 Anatomy of a Bass Note — Five Phases 
Attack onset, acceleration, sustain, decay, and release. What the amplifier must do in each phase, and 
what the listener hears. 

05 S12 Component Life vs Temperature — Arrhenius Effect 
−10°C doubles capacitor life. The difference between running caps at 70°C vs 85°C: 20 years vs 8 years. 

06 S10 Damping Factor — Diminishing Returns 
Braking current improvement plateaus above DF=100. Above DF=500, voice coil resistance dominates — 
amplifier Z_out becomes irrelevant. 

07 S6 The Water Model: Tank, Valve, and Wheel 
Power supply as tank, amplifier as valve, loudspeaker as water wheel. A weak tank defeats even the 
finest valve. 

08 S7 Class A-B vs Class D Operating Modes 
Continuous sine output vs PWM pulse train. How pulse-width encoding works and why an output filter is 
required in Class D. 

09 S2, 6 Voltage Sag Under Transient Load 
Strong vs weak supply response to a bass note onset. How V_sag directly compresses attack and reduces 
dynamic headroom. 

10 S5 Back EMF: Motor and Generator Action 
Motor action (current → force) and generator action (motion → voltage) shown side by side. Both 
happen simultaneously, always. 

11 S4 F = Bl × I — Force and Acceleration 
Voice coil in the magnetic gap. Current creates force; force acts on mass. F=BIl and a=F/M laid out 
visually. 

12 S4 Mass-Spring-Damper System 
The three mechanical elements of the loudspeaker: cone mass, suspension spring, and damping. The 
driving force is the amplifier's only lever. 
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13 S6 Power Supply Types: Linear vs SMPS 
Block diagrams of both topologies with advantages and limitations. Execution quality matters more than 
topology choice. 

14 S8 Class D Switching Loss Mechanisms 
Five loss mechanisms — overlap, capacitive, inductive, reverse recovery, gate drive — with equations. 
All five increase with frequency. 

15 S3 Impedance and Phase — The Complete Picture 
Impedance magnitude and phase angle on dual panels. When phase is non-zero, energy is stored and 
returned, not consumed. 

16 S4, 9 PJB Distributed Driver Architecture 
Single large driver vs nine 5-inch units. Low Mms per driver, smaller excursion, more linear Bl. Bl/Mms 
ratio: 898 T·m/kg. 

17 S12 Capacitor ESR Rise Over Time 
How ESR increases as amplifiers age. Hot amp crosses audible threshold at ~9 years; cool amp stays 
below it past 18. 

18 SSupp. Tube vs Solid-State: Output Impedance Effects 
Flat response (solid-state) vs impedance-following response (tube). Neither is superior — they are 
different engineering trade-offs. 

19 S11 Playing Technique vs Transient Demand 
Slap thumb (~1ms rise), pick (~3ms), fingerstyle (~12ms). The amplifier must be specified for the hardest 
technique, not the average. 

20 SAll The Complete Signal Chain 
Every block connected: signal path, power supply feed, back-EMF return, feedback loop, and cable 
resistance annotated outside the loop. 

 

All diagrams are original artwork. 
No diagram in this document is reproduced from a copyrighted source. Every illustration, graph, and schematic was 
drawn specifically for this publication. Diagrams may be reproduced for educational purposes with attribution to 
Phil Jones / Phil Jones Bass. 
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SECTION 1 

Introduction: Beyond the Test Bench 

 

There is no shortage of information about audio amplifiers. Books, articles, forum posts, YouTube 
videos, and manufacturer data sheets are filled with explanations of how amplifiers work, how they are 
classified, and how they are measured. Most of this information is technically correct. The problem is 
not that it is wrong. The problem is that it is incomplete. 

The majority of amplifier discussions stop at what can be conveniently measured on a test bench: circuit 
topology, steady-state frequency response, total harmonic distortion, and output power. Amplifiers are 
routinely reduced to a simple mathematical relationship — Vout = A × Vin — and from there the 
conversation moves into class comparisons, efficiency figures, and wattage claims. 

These descriptions are not wrong. But they fail to capture what actually determines how an amplifier 
performs when a musician plugs in and plays. They describe the amplifier in isolation, as if it exists 
independently of everything connected to it. In the real world, that isolation never exists. 

 

1.1  The System — Three Elements, One Behavior 

An amplifier does not operate alone. It is one part of a three-element system, and the behaviour of that 
system cannot be understood by examining any one element in isolation. The three elements are: 

The amplifier circuit itself — the output stage, the gain stages, and the control topology 

The power supply that feeds it — the energy reservoir and delivery mechanism 

The loudspeaker that it drives — a reactive, electromechanical device with mass, compliance, and 
velocity 

 

These three elements are tightly coupled. Energy flows between them continuously, in both directions. 
What happens in the loudspeaker affects the amplifier. What happens in the power supply affects both. 
The system is not a chain. It is a loop. 

 

An amplifier is not just a signal multiplier. It is a control system managing energy flow into a 
moving mechanical structure. 

 

This distinction matters enormously. When a musician strikes a bass note, the amplifier is not simply 
reproducing a waveform. It is delivering energy into a loudspeaker, which converts that electrical energy 
into mechanical motion. That motion accelerates a cone of significant mass. And that moving cone, 
operating within a magnetic field, generates its own voltage — a voltage that is fed back into the 
amplifier. The system is not one-directional. It never was. 
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1.2  The Signal Chain: What the Textbooks Show vs What Actually Happens 

 

Figure 1.1 — The complete signal chain. No block operates in isolation. The back-EMF return path and feedback loop are 
shown alongside the forward signal path. 

In simplified explanations, the signal chain is presented like this: 

 

Input signal 

instrument / preamp 
→ 

Amplifier 

voltage gain + current 
→ 

Loudspeaker 

motion + sound 

 

This is clean and easy to follow. It is also profoundly misleading. It suggests that energy travels in one 
direction only, from the instrument through the electronics and out through the speaker as sound. In 
reality, the system behaves more like this: 

 

Input signal 

instrument / preamp 
→ 

Amplifier 

delivers + absorbs 
→ 

Loudspeaker 

motion + back EMF 

 

The arrow at the end does not point outward only — it loops back. The loudspeaker generates a voltage 
as it moves, and that voltage re-enters the amplifier. The amplifier must handle it. The power supply 
must support it. This is not a secondary effect. It is fundamental to the behaviour of the system. 

Back electromotive force — back EMF — will be examined in full in Section 5. For now, it is enough to 
understand that the loudspeaker is not a passive device. It is an active one. It pushes back. 
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1.3  The Fixed Load Myth — Why '8 Ohms' Tells You Almost Nothing 

 

Figure 1.2 — Loudspeaker impedance vs frequency. This is what an '8 ohm' speaker actually presents to the amplifier 
across the audio spectrum. 

One of the most persistent and damaging simplifications in amplifier discussion is the treatment of 
loudspeaker impedance as a fixed value. Speakers are described as 4-ohm or 8-ohm devices. Amplifiers 
are rated for 4-ohm or 8-ohm loads. The implication is that the relationship between amplifier and 
speaker is stable, predictable, and static. 

It is none of these things. 

A loudspeaker is a reactive, frequency-dependent system. Its impedance changes significantly across the 
audio spectrum. At low frequencies near resonance, impedance can rise dramatically — sometimes to 
three or four times the nominal value. At other frequencies, it may drop well below that nominal rating, 
demanding substantially more current from the amplifier. Between these regions, voltage and current 
are not in phase with each other, meaning that energy is not simply delivered to the load — it is stored 
and then returned. 

 

For engineers: The loudspeaker impedance function 

Z(ω) = R_e + jωL_e + Z_mech(ω)  Where R_e is the voice coil DC resistance, L_e is voice coil inductance, 
and Z_mech(ω) is the frequency-dependent impedance contribution of the mechanical system. This 
function is never flat. It has peaks, dips, phase rotation, and reactive components that change 
continuously with frequency and signal level. 
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For musicians: think of it this way. The speaker your amplifier is driving is not a simple, well-behaved 
load that sits there politely consuming power. It is a mechanical device — a mass on a spring, inside a 
magnetic field — and at different frequencies it behaves in radically different ways. At some frequencies 
it demands more current than you might expect. At others it pushes energy back at the amplifier. The 
amplifier has to deal with all of this in real time, while you are playing. 

The consequence is that the amplifier must continuously adapt to a load that is shifting with frequency, 
changing with signal level, and returning energy as it operates. An amplifier that handles a resistive test 
load beautifully in a lab may behave very differently once connected to a real cabinet on a real stage. 

 

1.4  The Power Supply — The Most Overlooked Part of the System 

If the loudspeaker is the most misunderstood load in audio engineering, then the power supply is the 
most underestimated component. In most simplified amplifier discussions it is mentioned briefly, if at 
all, as the thing that provides the voltage rails. This view is so incomplete as to be misleading. 

The power supply does not simply provide voltage. It provides energy — on demand, in real time, at 
whatever rate the system requires. When a bass note begins, the amplifier demands a surge of current 
to accelerate the loudspeaker cone. That current must come from somewhere. It comes from the power 
supply. If the supply cannot deliver it instantly, the output voltage collapses. The transient is softened. 
The attack of the note is lost. 

 

The amplifier is the transmission. 
The power supply is the engine. 
A perfect transmission connected to a weak engine produces a weak vehicle. 

This analogy is not decorative. It is precise. You can design the most sophisticated amplifier output stage 
in the world, but if the power supply behind it cannot deliver current when the system demands it, the 
amplifier will not perform. The power supply sets the ceiling. Everything else operates beneath it. 

The power supply also determines how well the system manages returned energy. When the 
loudspeaker generates back EMF and pushes energy back toward the amplifier, something has to absorb 
it. A well-designed power supply can do this cleanly, maintaining voltage stability and allowing the 
amplifier to stay in control. A poorly designed supply cannot, and the consequences are audible: 
softened bass, blurred transients, and a loss of definition that is often misattributed to the amplifier 
circuit. 

For engineers: Voltage sag under transient load 

V_out = V_ideal − (I_load × Z_out) − V_sag  V_sag represents the voltage drop in the power supply 
under sudden current demand. Under dynamic conditions — particularly at the onset of a low-
frequency transient — this term becomes the dominant factor in output quality. It is rarely captured by 
steady-state measurements. 
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Two amplifiers with identical circuit topologies and identical output stage specifications can perform 
completely differently in the real world if one has a stronger, faster power supply than the other. This is 
one of the most common sources of confusion in amplifier comparison — people compare topology and 
class, when the real variable is the power supply. 

1.5  Why Bass Amplification Is the Hardest Engineering Problem in Audio 

Every point raised so far is magnified in bass amplification. Low frequencies are the most demanding 
conditions an amplifier can face, and they expose every weakness in the system with merciless clarity. 

At low frequencies, loudspeaker cones move through large excursions. The mechanical masses and 
forces involved are significantly greater than at mid or high frequencies. The energy stored in the 
moving system is substantial. When that energy is returned to the amplifier as back EMF, the currents 
involved are correspondingly large. The power supply must be able to handle them without sagging. The 
amplifier output stage must be able to absorb them without losing stability. 

Low frequencies require sustained current delivery over longer periods — more energy per cycle than 
high frequencies 

Large cone excursions mean large stored kinetic energy and large back EMF voltages 

The mass and inertia of the cone system mean that transient response is heavily dependent on current 
delivery speed 

Bass notes involve more dynamic range than most other frequency ranges — the attack transient can be 
far louder than the sustained body of the note 

Resonance effects in the loudspeaker system are most pronounced at low frequencies, creating the 
largest impedance swings the amplifier must manage 

 

What sounds like 'tight bass' or 'loose bass' is not a tonal preference. It is a measurable 
consequence of how well the amplifier system manages current, energy, and control at low 
frequencies. 

 

This is a point worth dwelling on. When a musician says an amplifier has tight, punchy bass, they are 
describing a system that maintains control of the loudspeaker under dynamic conditions — one where 
the power supply delivers current fast enough, the output stage handles back EMF effectively, and the 
system stays in control through transients. When they say the bass is loose or muddy, they are 
describing the opposite: a system where control is lost, energy is not managed properly, and the 
loudspeaker is partially governing its own behaviour. 

These are not subjective impressions without physical cause. They have precise engineering 
explanations, and those explanations are what this document is about. 

1.6  Why Watts, Distortion, and Class Tell You Less Than You Think 

The audio industry has converged on a small set of numbers for describing amplifier performance: 
output power in watts, total harmonic distortion as a percentage, signal-to-noise ratio in decibels, and 
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frequency response limits. These specifications are not useless. They are meaningful within their 
domain. But their domain is narrow. 

Output power measurements are typically taken under steady-state conditions, into a resistive load, at a 
specific frequency. None of these conditions exist in real bass amplification. The load is reactive. The 
signal is transient. The frequency is constantly changing. The measurement that was taken in the lab 
tells you relatively little about what happens on stage. 

Total harmonic distortion is measured with sine waves. Music is not a sine wave. It is a constantly 
changing, transient-rich signal with complex spectral content. An amplifier can exhibit excellent THD 
figures under test conditions and still perform poorly in practice because its transient behaviour — the 
speed at which it can respond to rapidly changing demands — is inadequate. 

Amplifier class — the A versus A-B versus D question — is perhaps the most misunderstood specification 
of all. Class defines the operating regime of the output stage. It says almost nothing about how well the 
complete system performs. A Class D amplifier with a poorly designed power supply will be 
outperformed by a Class A-B amplifier with an excellent one. The reverse is equally true. Class is a 
means, not an end. 

 

The three questions that actually matter 

1.  Can the system maintain output voltage when current demand spikes suddenly? 2.  Can the amplifier 
absorb the energy returned by the loudspeaker without becoming unstable? 3.  Does the power supply 
recover fast enough between transients to maintain control throughout a musical phrase?  These 
questions are rarely asked in product marketing. They are the ones that determine real-world 
performance. 

 

1.7  A Note on Tube Amplifiers and the Question of Character 

No introduction to bass amplification would be complete without acknowledging the long-running 
debate between tube amplifiers and solid-state amplifiers. This subject will be examined in full in a later 
section of this document. However, one point is worth making here, at the outset. 

Much of the perceived character difference between tube and solid-state amplifiers is not the result of 
some mysterious quality possessed by thermionic valves. It is a direct consequence of output 
impedance. Tube amplifiers, because of their inherently higher output impedance and their interaction 
with output transformers, form a coupled system with the loudspeaker — one where the frequency 
response and damping of the system are influenced by the impedance curve of the cabinet being driven. 
Solid-state amplifiers, with their much lower output impedance, largely dominate the loudspeaker, 
enforcing tighter control regardless of the impedance variations in the load. 

Neither approach is inherently superior. Both have engineering consequences that determine how they 
behave and how they sound. Understanding those consequences — and making deliberate design 
choices based on them — is what separates a well-engineered amplifier from one that simply passes 
bench tests. 
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1.8  What This Document Covers — and How to Read It 

This document is written for two audiences simultaneously: engineers who want the physics laid out 
properly, and musicians who want to understand why their equipment behaves the way it does. Both 
deserve the same rigour. The language will shift between them, but the content will not be diluted for 
either. 

Each section builds on the one before it. The structure is as follows: 

Section 2 examines the amplifier as a constant voltage source — what that means, why it is useful as a 
model, and where it breaks down 

Section 3 examines the loudspeaker as a reactive, frequency-dependent load — why nominal 
impedance is a simplification and what the real electrical behaviour looks like 

Section 4 covers the electromechanics of loudspeaker motion — force, mass, acceleration, resonance, 
and the equations that govern them 

Section 5 examines back EMF in depth — what it is, where it comes from, and what it demands from the 
amplifier 

Section 6 examines the power supply — voltage stability, transient current delivery, and why this is the 
dominant factor in real-world performance 

Section 7 compares Class A-B and Class D amplifiers from a system-level perspective, beyond topology 

Section 8 examines Class D switching losses in engineering detail 

Section 9 examines the complete system loop — how all elements interact in the time domain 

Section 10 examines damping factor — what it really means, what it does not mean, and how the power 
supply affects it 

Section 11 examines transient response — slew rate, current delivery, and why this determines 
perceived punch and clarity 

Section 12 examines component aging and long-term reliability — why amplifiers change over time and 
what that means for performance 

 

Throughout, real equations are used where they clarify rather than obscure. Where a formula appears, 
it is there because it reveals something that words alone cannot. Where plain language is used, it is 
because the concept is best communicated directly. 

 

The goal of this document is not to tell you which amplifier to buy. 
It is to give you the understanding to know why any amplifier 
behaves the way it does — and to design or choose accordingly. 
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1.9  Summary 

The following points form the foundation of everything that follows in this document. They are worth 
stating plainly before the detailed engineering begins: 

An amplifier is not a stand-alone device. It is part of a three-element system: amplifier circuit, power 
supply, and loudspeaker. 

Energy flows in both directions in this system. The loudspeaker is not a passive load. It returns energy to 
the amplifier continuously. 

A loudspeaker's impedance is not a fixed value. It varies with frequency, signal amplitude, and motion. 
The amplifier must continuously adapt to this changing load. 

The power supply is not a secondary component. In many cases it is the dominant determinant of real-
world performance. 

Bass amplification is the most demanding application in audio. It exposes every weakness in a system 
that other applications might hide. 

Standard specifications — watts, THD, amplifier class — are useful but incomplete. They do not describe 
how the system behaves under real conditions. 

Understanding amplifier performance requires a system-level view, not a component-level one. 

 

That is where real performance is defined. Not on the bench. In the system. 

 

 
SECTION 2 

The Amplifier as a Constant Voltage Source 

 

Section 1 established that an amplifier must be understood as part of a system — not as a stand-alone 
device. This section goes deeper into the fundamental model at the heart of amplifier design: the 
concept of the amplifier as a constant voltage source. We will examine what this model means, why it is 
used, where it is useful, and — critically — where it breaks down under the conditions that matter most 
to bass amplification. 

 

2.1  The Ideal Model — What Textbooks Assume 

In classical electrical engineering, an amplifier is modelled as a voltage-controlled voltage source. The 
input voltage controls the output voltage through a fixed gain relationship. This is expressed as: 

 

V_out = A × V_in 
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In this model, the gain A is a constant, and the output voltage is determined solely by the input voltage. 
The model assumes that the amplifier can maintain this output voltage regardless of what load is 
connected — regardless of how much current that load demands, regardless of what frequency the 
signal is at, and regardless of what that load does in response to being driven. 

In other words, the ideal model assumes zero output impedance and infinite current capability. The 
amplifier is a perfect voltage source: it provides whatever voltage the gain equation demands, and it 
provides the current to sustain it without limit. 

 

This model is useful for understanding gain and signal relationships. It is not useful for 
predicting how an amplifier behaves when connected to a real loudspeaker. 

 

The ideal model collapses the moment you connect it to a real load. And in bass amplification, the load 
is about as far from ideal as a load can be. 

 

2.2  The Real Model — What Actually Happens 

 

Figure 2.1 — Voltage sag under transient load. Strong supply (green) holds the rail. Weak supply (red) collapses. V_sag 
directly degrades attack and dynamics. 

A real amplifier has finite output impedance. It has a power supply with finite current delivery capability. 
And it is connected to a load — a loudspeaker — that is reactive, frequency-dependent, and actively 
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returning energy to the system. Under these conditions, the output voltage is no longer determined by 
the gain equation alone. It is more accurately described as: 

 

V_out = V_ideal − (I_load × Z_out) − V_sag 

V_ideal  —  the voltage the amplifier would deliver into an ideal (zero-impedance) load 

I_load  —  the current demanded by the loudspeaker at this instant 

Z_out  —  the effective output impedance of the amplifier 

V_sag  —  the voltage drop in the power supply under the current demand 

 

This equation tells a different story from the simple gain model. Output voltage is not fixed. It depends 
on three things: the ideal voltage the amplifier is trying to deliver, minus the voltage lost across the 
amplifier's own output impedance as current flows through it, minus the voltage the power supply 
drops under load. 

Under steady-state conditions with a modest, well-behaved load, these subtractions may be small. The 
real amplifier approximates the ideal one reasonably well. But as soon as the load becomes demanding 
— as soon as current demand spikes, as soon as the power supply has to respond to a transient, as soon 
as the loudspeaker impedance dips and pulls more current than expected — these terms become 
significant. The output voltage falls. The system is no longer in control. 

For musicians: this is the moment when the amplifier stops sounding tight and starts sounding soft. Not 
because anything has broken. Not because the design is necessarily poor. But because the gap between 
ideal behavior and real behavior has opened up under pressure. 

 

2.3  Voltage Is Not Independent — The Current Dependency 

The most important insight in the real voltage equation is the one that the ideal model conceals entirely: 
voltage is not independent of current. They are coupled. When current demand rises, voltage falls — 
unless the system is strong enough to prevent it. 

This coupling is the central engineering challenge of amplifier design. It means that the amplifier cannot 
be evaluated as a voltage-producing device in isolation. It must be evaluated as a current-delivering 
system — one where the ability to maintain voltage depends on the ability to deliver current without 
the power supply sagging or the output stage being overwhelmed. 

 

Voltage is not independent. It is directly affected by current demand. 
Any weakness in the system — output stage or power supply — 
will show itself the moment the load starts pulling hard. 
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This is particularly important in bass amplification. Low-frequency signals require sustained, high-
amplitude current delivery. A low bass note — say, the open E string of a four-string bass at around 41 
Hz — requires the amplifier to drive the loudspeaker cone through a large excursion at a slow rate. 
Every cycle of that waveform demands energy over a relatively long period of time. The power supply 
must maintain current delivery throughout. If it cannot — if it begins to sag during the sustained body of 
the note — the output voltage falls, and the note loses its body and presence. 

High-frequency signals, by contrast, involve smaller cone excursions and shorter cycle times. The energy 
demand per cycle is lower. The power supply has more time to recover between demands. This is why 
power supply weakness tends to manifest most clearly at low frequencies — it is where the sustained 
current demand is greatest. 

 

2.4  Output Impedance — The Hidden Resistance in the System 

Every real amplifier has an output impedance. In a well-designed solid-state amplifier this is typically 
very low — a fraction of an ohm — but it is never zero. This impedance interacts with the load in two 
important ways. 

Current delivery and voltage drop 

When current flows from the amplifier into the loudspeaker, it must pass through the output 
impedance. By Ohm's law, this creates a voltage drop: V = I × Z_out. As current demand increases — at 
impedance dips in the loudspeaker, or during transient peaks — this voltage drop increases. The 
available output voltage at the speaker terminals falls. 

In practice, a well-designed solid-state amplifier has sufficiently low output impedance that this effect is 
small — though it is not zero, and it becomes meaningful when the loudspeaker impedance dips to its 
minimum values — typically well below the nominal rating — and the current demand correspondingly 
rises. 

Damping — control over the cone 

The second effect of output impedance is damping. This concept is important enough that it has its own 
full section later in this document (Section 10), but its foundation belongs here. 

When the loudspeaker cone is moving and generates back EMF, that voltage drives a current back 
through the circuit. The magnitude of that current depends on the total impedance in the path — which 
includes the amplifier's output impedance. A low output impedance allows more of that back-EMF 
current to flow, which in turn creates a braking force on the cone. The amplifier actively resists 
unwanted cone motion. 

A higher output impedance reduces this braking force. The cone is free to continue moving after the 
signal has changed or stopped. The result is the phenomenon musicians describe as loose or boomy bass 
— the cone ringing on after it should have stopped. 
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DF = Z_load / Z_out 

DF  —  damping factor — the ratio of load impedance to amplifier output impedance 

Z_load  —  the loudspeaker impedance at the frequency of interest 

Z_out  —  the effective output impedance of the amplifier at that frequency 

 

Damping factor is typically presented as a single number in amplifier specifications. This is misleading. 
Both Z_load and Z_out vary with frequency, temperature, and operating conditions. The damping factor 
is therefore dynamic — different at every frequency, under every condition. A high damping factor 
figure in a specification sheet does not guarantee effective cone control across the audio band. 

 

2.5  Transient Behavior — Where the Ideal Model Fails Most Visibly 

If steady-state performance reveals the gap between ideal and real amplifier behaviour, transient 
performance exposes it completely. A transient is any sudden change in the signal — the attack of a 
plucked bass note, the strike of a kick drum, a fast run of notes played with a pick. These are the 
conditions under which amplifiers must perform at their best. And they are precisely the conditions that 
steady-state specifications do not capture. 

When a transient occurs, the amplifier must respond instantly. The output must follow the input with no 
delay and no compression. This requires two things simultaneously: the amplifier circuit must be fast 
enough to track the signal change, and the power supply must deliver the required current immediately 
— not after a small delay while capacitors charge or transformer cores recover. 

If either of these fails, the output voltage momentarily collapses at the onset of the transient. The attack 
of the note is softened. The initial impact — the snap of the pick, the thump of the thumb — is reduced. 
The note still plays, but its character has been altered. The transient has been rounded off. 

What transient collapse sounds like to a musician 

The note starts, but the attack is soft — there is no snap or bite at the beginning. 

Fast passages sound compressed or indistinct, as if the amplifier is struggling to keep up. 

The low end feels thick but undefined — present in volume, absent in punch. 

The amplifier sounds different when played hard compared to playing softly — not just louder, but 
tonally different in a way that feels uncontrolled. 

These are all symptoms of voltage collapse under transient current demand. They are engineering 
failures, not tonal preferences. 

It is worth noting that these effects are often attributed to the wrong cause. A musician may say the 
amplifier lacks headroom, or that it clips too early, or that it simply does not have enough power. In 
many cases, the actual problem is not the amplifier's output power at all — it is the power supply's 
inability to deliver current fast enough during transients. The output stage has the capacity. The supply 
does not have the speed. 
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2.6  The Power Supply and Voltage Maintenance — They Are Not Separate 

Returning to the real voltage equation — V_out = V_ideal − (I_load × Z_out) − V_sag — it becomes clear 
that the power supply term, V_sag, is often the dominant factor. This is particularly true under dynamic 
conditions. 

Every power supply has finite impedance. When current is drawn rapidly, there is a voltage drop across 
that impedance. In a power supply based on a transformer and reservoir capacitors, the response to a 
sudden current demand has a finite speed. The capacitors can deliver charge immediately but at the 
cost of their terminal voltage, and the transformer must replenish this charge, which takes time. During 
this replenishment period, the supply voltage is reduced. 

The extent of this sag depends on: 

The size and quality of the reservoir capacitors — larger capacitance provides more charge before the 
voltage drops 

The impedance of the transformer at audio-relevant frequencies — lower impedance means faster 
current delivery 

The design of the rectification and regulation circuits — these determine how quickly the supply 
recovers after a transient 

The operating temperature — capacitor effective series resistance (ESR) rises with temperature, 
increasing sag under thermal stress 

 

Strong power supply  Weak power supply 

• Voltage holds firm during transient peaks  • Voltage sags at the onset of transients 

• Current delivered instantly on demand  • Current delivery lags the demand 

• Fast recovery between transients  • Slow recovery — next transient arrives before 
recovery 

• Stable rail voltages under sustained load  • Rail voltages drift under sustained bass signals 

• Amplifier maintains control throughout  • Amplifier loses control precisely when it 
matters most 

 

Two amplifiers with identical output stages, identical topologies, and identical power ratings on paper 
can perform completely differently in practice if their power supplies are not equally capable. This is one 
of the most common sources of confusion in amplifier comparison and one of the most consequential 
engineering decisions in amplifier design. 

It is also one of the hardest things to communicate in a specification sheet. Power supply quality does 
not reduce to a single number. It is characterised by transient current capability, voltage regulation 
under dynamic load, ripple rejection, and recovery speed. These are engineering realities that marketing 
rarely captures. 
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2.7  Compression — When Voltage Maintenance Fails 

When an amplifier cannot maintain output voltage under load — whether due to output impedance 
limitations, power supply sag, or both — the result is a form of compression. This is not compression in 
the deliberate, musical sense of a dynamics processor. It is an unintended reduction in dynamic range 
caused by the system's inability to sustain energy delivery. 

What happens physically is this: the input signal continues to vary with full dynamic range. The musician 
is playing with full expression. But the output of the amplifier no longer tracks the input linearly. As the 
signal demands more voltage and more current, the system cannot deliver it, and the output is reduced 
relative to what it should be. Loud passages are compressed relative to quiet ones. The dynamic life of 
the performance is squeezed out of the signal. 

For bass players, this is particularly damaging. The attack of a bass note — the initial transient — 
contains a large proportion of its character, its definition, and its perceived articulation. If this transient 
is compressed, the note loses its identity. What remains may have volume, but it has lost the quality 
that makes it cut through a mix, that makes it sound tight and controlled, that makes the groove feel 
locked in. 

 

What musicians call 'tight bass' is, in engineering terms, accurate transient reproduction 
sustained by a power supply that can deliver current on demand without voltage sag. 

 

Conversely, what musicians call 'loose' or 'muddy' bass is the consequence of a system that cannot 
maintain voltage under dynamic load conditions. The cone is not being controlled. The attack is 
softened. The sustained portion of the note has reduced energy. The decay is poorly defined. All of this 
is traceable to the same engineering failure: the gap between the voltage source model and the real 
behavior of the system under load. 

 

2.8  Constant Voltage as a Design Target — Not an Assumption 

Having examined where the ideal model breaks down, it is worth being clear about why the model exists 
and what purpose it serves. The goal of a constant voltage source — an amplifier that maintains its 
output voltage regardless of load — is a legitimate and important design target. The ideal is worth 
pursuing, even if it cannot be fully achieved. 

A real amplifier that closely approximates a constant voltage source will: 

Deliver consistent output voltage regardless of load impedance variations across the frequency band 

Maintain voltage through transient current peaks without sag or compression 

Provide effective damping by allowing back-EMF currents to flow against low output impedance 

Behave predictably and consistently, making the system easier to optimise and control 
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The degree to which a real amplifier achieves this target depends on the complete system: output stage 
design, feedback topology, power supply quality, and thermal management. No single element 
determines the outcome. All must be designed together, with the system-level goal in mind. 

This is the engineering framework within which the rest of this document operates. Everything that 
follows — the loudspeaker physics, the back EMF analysis, the class comparisons, the transient 
behaviour — comes back to this question: how well does the complete system maintain voltage and 
control current under real-world conditions? 

 

2.9  What This Means in Practice — For Engineers and Musicians 

For engineers designing amplifiers, the constant voltage model is a starting point, not an endpoint. The 
real work lies in understanding how far the design deviates from ideal behaviour under the conditions 
that matter: transient current demand, reactive loading, back EMF absorption, and thermal variation. 
The power supply is a core component of the design, not an accessory. Its specification must begin with 
the transient current demands of the signal and load, not with steady-state power consumption. 

For musicians evaluating amplifiers, the useful question is not which amplifier has the most watts or the 
best class. The useful question is: how does this amplifier behave when I push it? How does it handle the 
attack of a hard-plucked note? Does the low end stay tight when I play in a dense mix at high volume? 
Does it compress early, or does it maintain its character? These are all ways of asking how well the 
system maintains voltage under load — which is what the constant voltage source model is trying to 
achieve. 

 

Questions worth asking about any bass amplifier 

Does the low end stay tight and defined at high volume, or does it soften and lose punch? 

Does the attack of a hard-plucked note feel immediate, or is there a slight softness at the onset? 

Does the amplifier behave differently — tonally, not just in volume — when driven hard versus driven 
moderately? 

Does it recover quickly between fast notes, or does it seem to struggle to keep up? 

These questions are asking about voltage maintenance and transient current delivery. They are 
engineering questions expressed in musical terms. 

2.10  Summary 

The following points summarise Section 2. They build directly on Section 1 and form the foundation for 
the loudspeaker and back EMF analysis in Sections 3, 4, and 5. 

The ideal amplifier model — V_out = A × V_in — assumes constant output voltage regardless of load. 
This is a useful abstraction but does not represent real-world behavior. 

The real output voltage is reduced by two factors: the voltage drop across the amplifier's output 
impedance as current flows, and the sag in the power supply under load. 
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Voltage is not independent of current. They are coupled. As current demand rises, voltage falls unless 
the system is strong enough to prevent it. 

Output impedance affects both voltage delivery and cone damping. Low output impedance is critical for 
both. 

Transient behavior exposes the greatest gap between ideal and real performance. At the onset of a bass 
transient, the system must deliver a surge of current instantly. If it cannot, the attack of the note is 
softened and the dynamic life of the performance is compressed. 

The power supply is not secondary to the amplifier circuit. Under transient conditions, V_sag is often the 
dominant term in the output voltage equation. A strong, fast power supply is the foundation of 
everything else. 

The constant voltage source model is a design target. The degree to which any amplifier achieves it 
depends on the complete system — output stage, power supply, and their interaction under load. 

 

The true measure of an amplifier is not how closely it matches the ideal voltage source 
model under static conditions. It is how well it maintains that behaviour under dynamic, 
reactive, and demanding load conditions. That is where engineering meets reality. 

 

 
SECTION 2A 

The Nature of Amplifier Character 

Everything in this document flows from one idea. It belongs here, stated once, as plainly as possible, 
before the loudspeaker physics and the class comparisons and the damping factor arguments begin. 

An ideal amplifier is a perfect voltage source. It delivers whatever voltage the input demands, with zero 
output impedance, infinite current capability, and no dependence on what the load does in response. 
The output is determined entirely by the input. The load has no influence. 

No real amplifier achieves this. Every real amplifier departs from the ideal through a set of specific, 
measurable mechanisms: 

Finite output impedance — The amplifier's own internal resistance causes output voltage to drop 
when current flows. The load and the amplifier form a voltage divider. More current demand = 
lower output voltage. 

Power supply limitations — The supply cannot deliver infinite current instantaneously. Under 
transient demand, rail voltage sags. The output voltage follows it down. The attack of a note is 
softened. 

Feedback bandwidth limits — Negative feedback corrects errors — but only up to its bandwidth 
limit. Above that frequency, errors go uncorrected. The amplifier becomes progressively less ideal as 
frequency rises. 

Thermal and component drift — Transistor characteristics change with temperature. Bias points 
shift. Output impedance varies. The amplifier at operating temperature is not the same device as the 
amplifier cold. 
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Output filter interaction (Class D only) — The LC output filter required by Class D topology 
introduces phase shift, group delay, and load-dependent frequency response. The amplifier is not 
directly connected to the loudspeaker — the filter sits between them. 

 

 
Figure 2A.1 — Where amplifiers fail. Five departures from the ideal voltage source, each with a specific audible 

consequence. Tube adds a sixth; Class D adds a seventh. 

What musicians describe as amplifier 'character' is the audible result of these deviations 
from ideal behaviour. 
Warmth, tightness, punch, bloom, softness, presence — every one of these descriptions 
maps to a specific engineering departure from the perfect voltage source. 

 

This is not a cynical statement. Some of these deviations are pleasant. Some are exploited deliberately 
by designers. Some are unavoidable. But they are all explicable. And once you understand what each 
one sounds like, you can identify it by ear — in any amplifier, at any price point — and trace it back to its 
engineering cause. 

The rest of this document is a map of those deviations. Section 2 established the ideal model and where 
it fails. Sections 3 through 5 cover the loudspeaker's contribution. Section 6 covers the power supply. 
Sections 7 and 8 cover topology. Sections 9 through 12 cover the system-level consequences. All of it 
connects back here. 
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SECTION 2B 

Control vs Interaction: Tube and Solid-State Amplifiers 

The difference between tube and solid-state bass amplification is not a matter of taste. It is a matter of 
output impedance — and output impedance determines the relationship between amplifier and 
loudspeaker at every frequency, under every condition. 

Understanding this difference requires only the concepts already established: output impedance, back 
EMF, and the braking equation. Everything else follows from those. 

The Two Regimes 

SOLID-STATE TUBE 
Low output impedance 
(0.01 – 0.5 Ω) 

High output impedance 
(1 – 10 Ω via output transformer) 

Dominates the loudspeaker Interacts with the loudspeaker 
Flat frequency response 
independent of cabinet impedance 

Response shaped by cabinet 
impedance curve 

High electromagnetic damping 
Cone is actively controlled 

Low electromagnetic damping 
Cone is partially free 

Back EMF strongly suppressed 
by low Z_out 

Back EMF partially allowed 
Energy exchange occurs 

Tight, controlled bass 
High definition at speed 

Bloom and sustain 
Resonance enhancement at Fs 

Character: the amplifier Character: the amplifier 
AND the cabinet together 

What This Means in Engineering Terms 

In a solid-state amplifier with low output impedance, the braking current when the cone moves is: 
I_brake = V_bemf / (R_e + Z_out). Because Z_out is small — a fraction of an ohm — the braking current 
is determined almost entirely by the voice coil resistance R_e. The amplifier provides maximum 
electromagnetic damping. The cone is controlled. 

In a tube amplifier, Z_out is typically 1 to 10 ohms. This is not a fraction of R_e — it is a significant 
multiple of it. The braking current is substantially reduced. The cone is not controlled. It is influenced, 
but not dominated. 

Furthermore, because Z_out is high, the voltage at the speaker terminals is no longer independent of 
the speaker's impedance curve. At resonance, where the speaker's impedance peaks, a larger 
proportion of the amplifier's output voltage actually reaches the speaker. At the impedance minimum, 
less does. The result is a frequency response that follows the speaker's impedance curve — boosted at 
resonance, reduced at the impedance minimum. 

This is audible. It manifests as warmth at the speaker's resonant frequency, enhanced sustain, and a 
sense of the bass 'breathing' with the cabinet. It sounds like a tonal quality. It is a mechanical 
interaction. 
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A tube amplifier does not add warmth — it removes control. 

 

The warmth is real. The resonance enhancement is real. The sense of the amplifier interacting with the 
cabinet is real. None of it is invented. But it is not something the amplifier adds to the signal — it is the 
result of something the amplifier fails to suppress. The distinction matters, because it means that the 
same tube amplifier will sound different through different cabinets, at different volumes, with different 
speakers. It is not delivering a fixed character. It is participating in a coupled system whose behaviour 
depends on every variable. 

A solid-state amplifier with low output impedance delivers the same signal to any cabinet. Its character 
is its own. It does not change with the load. That is what control means in engineering terms. 

Neither is better. They are different engineering trade-offs. 
 
Solid-state: precision, control, load independence, high damping. The amplifier determines the 
sound. 
 
Tube: interaction, impedance-shaped response, resonance enhancement, cabinet-dependent 
character. The amplifier and cabinet determine the sound together. 
 
Which is preferable depends entirely on what the musician wants. What is not acceptable is 
describing one as adding something that the other lacks. Neither is adding. They are each failing to 
remove different things — and one of them is failing more than the other. 

 

 

SECTION 3 

The Loudspeaker as a Reactive Load 

 

Sections 1 and 2 established that the amplifier is part of a system, and that its ability to maintain voltage 
depends on the load it is driving and the power supply supporting it. This section examines that load in 
detail. The loudspeaker — the device at the end of the signal chain — is not the passive, well-behaved 
consumer of energy that it is routinely assumed to be. It is one of the most complex and demanding 
loads in electrical engineering. 

Understanding the loudspeaker as an electrical and mechanical system is essential to understanding 
why amplifiers behave the way they do. Everything discussed in Sections 4 through 11 — back EMF, 
damping, transient response, power supply demands — has its roots in the physics examined here. 
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3.1  The Nominal Impedance — A Number That Tells You Almost Nothing 

 

Figure 3.1 — Loudspeaker impedance vs frequency. Four distinct regions: below resonance, resonance peak, minimum 
impedance (maximum current demand), and inductive rise. 

Walk into any music shop and look at the specifications for a bass cabinet. You will see an impedance 
rating: typically 4 ohms or 8 ohms. This number is stamped on the back panel, listed in the product 
sheet, and used to match amplifiers to cabinets. It is presented as a fundamental characteristic of the 
speaker. And it is, in a narrow sense, true — as far as it goes. 

It does not go very far. 

The nominal impedance of a loudspeaker is a single-number summary of what is actually a continuously 
varying function. It typically represents a rough average of the impedance across the usable frequency 
range, or sometimes the minimum impedance the speaker presents, depending on how the 
manufacturer has defined it. In neither case does it tell you the impedance at any specific frequency. 

At some frequencies, the impedance of a nominally 8-ohm speaker may be 30 ohms or higher. At others, 
it may drop to 5 or 6 ohms. The amplifier connected to it must handle the full range, continuously, 
without foreknowledge of what is coming. 

 

A loudspeaker is not a resistor. A resistor has one value at all frequencies. A loudspeaker has 
a different value at every frequency — and that value changes with the signal level, cone 
position, and temperature as well. 
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For musicians: imagine driving a car where the road resistance under your wheels changes constantly — 
sometimes demanding full torque, sometimes almost nothing, sometimes pushing back against you. 
That is what the amplifier is dealing with every millisecond it is connected to a loudspeaker cabinet. The 
amplifier has no advance warning of what is coming. It must respond in real time. 

 

3.2  The True Electrical Impedance — What the Equation Shows 

The true electrical impedance of a loudspeaker can be expressed as: 

 

Z(ω) = R_e + jωL_e + Z_mech(ω) 

R_e  —  DC resistance of the voice coil — the purely resistive, frequency-independent component 

jωL_e  —  reactive impedance due to voice coil inductance — increases with frequency 

Z_mech(ω)  —  mechanical impedance reflected into the electrical domain — the dominant and most 
complex term 

 

This equation has three terms, and all three matter. The first — R_e, the DC resistance of the voice coil 
— is the only component that resembles a simple resistor. It is relatively constant and small. For a 
nominally 8-ohm speaker, R_e might be 5 or 6 ohms. 

The second term — jωL_e — represents the inductive reactance of the voice coil. It increases with 
frequency. At bass frequencies it is small. As frequency rises into the mid and high range, it becomes 
increasingly significant, contributing to the rise in impedance that all moving-coil loudspeakers exhibit at 
high frequencies. 

The third term — Z_mech(ω) — is where it gets interesting. This is the mechanical impedance of the 
loudspeaker system — the mass of the cone, the compliance of the suspension, the mechanical damping 
— reflected back into the electrical domain through the electromagnetic coupling of the motor system. 
This term is the most complex, the most variable, and the most consequential. It is what makes a 
loudspeaker behave completely differently from a resistor, and it is the source of the resonance peak, 
the impedance dip, and the energy exchange behaviour that makes bass amplification such a demanding 
engineering problem. 

 

3.3  The Impedance Curve — A Map of the Amplifier's Challenge 

If you plot the impedance of a loudspeaker against frequency, you get what is called the impedance 
curve. This curve is one of the most informative pieces of data about a loudspeaker system, and it tells a 
story that the nominal impedance rating completely conceals. The table below describes the key regions 
of a typical bass loudspeaker impedance curve and what each region means for the amplifier driving it. 
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Frequency 
region 

Impedance behaviour Phase behaviour Demand on amplifier 

Below 
resonance 
(sub-bass) 

Rises steeply — can reach 
3× to 4× nominal value 

Inductive phase — current lags 
voltage 

Lower current demand but 
high reactive energy storage 

At resonance 
(typically 30–
100 Hz) 

Peaks dramatically — the 
highest impedance point 

Phase swings through zero — 
complex interaction 

Current demand low at peak, 
but energy exchange is at 
maximum 

Between 
resonance 
and mid-bass 

Dips below nominal — 
often the minimum 
impedance point 

Capacitive phase — current 
leads voltage 

Highest current demand — the 
critical stress point for the 
amplifier and PSU 

High 
frequencies 
(above ~1 
kHz) 

Rises again as voice coil 
inductance dominates 

Inductive phase increases with 
frequency 

Reduced current demand but 
high-frequency content 
stresses switching designs 

The region between resonance and the mid-bass frequencies — where impedance dips to its minimum 
— is the most critical from an amplifier design perspective. This is where the loudspeaker demands the 
most current. If the amplifier's output stage or power supply cannot deliver this current while 
maintaining voltage, this is where performance will suffer first. 
The resonance peak, conversely, presents a different challenge. At the peak, impedance is high and 
current demand is low, but the energy exchange between electrical and mechanical domains is at its 
maximum. The loudspeaker is storing and returning energy at the highest rate. The amplifier must 
manage this energy without instability. 

3.4  Phase — Why Energy Is Stored and Returned, Not Just Consumed

 
Figure 3.2 — Impedance magnitude and phase angle on dual panels. When phase is non-zero, energy is stored and 

returned — the amplifier must manage reactive as well as resistive current. 
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Impedance magnitude — the numbers in the curve described above — is only half the story. The other 
half is phase: the relationship between the voltage the amplifier applies and the current the loudspeaker 
draws in response. 

In a purely resistive load — a simple resistor — voltage and current are perfectly in phase. The current 
rises and falls exactly in step with the voltage. All energy delivered by the source is immediately 
consumed by the load as heat. 

A loudspeaker is not resistive. It contains reactive elements — inductance and mechanical compliance — 
that cause the current to lead or lag the voltage depending on frequency. The relationship is expressed 
as: 

P(t) = V(t) × I(t) 

P(t)  —  instantaneous power delivered to the loudspeaker at time t 

V(t)  —  instantaneous voltage across the loudspeaker terminals 

I(t)  —  instantaneous current flowing into the loudspeaker 

When voltage and current are in phase, their product P(t) is always positive. Power flows continuously 
into the load. When voltage and current are out of phase, their product alternates between positive and 
negative. Power flows into the load for part of the cycle and flows back out of it for the rest. The 
loudspeaker is returning energy to the amplifier. 

This is not a small effect and it is not occasional. It happens continuously at every frequency where the 
loudspeaker exhibits phase shift — which is throughout most of the audio band. The amplifier is always 
managing a combination of energy delivery and energy recovery. It must be designed to handle both 
directions of current flow equally well. 

For musicians: what phase shift means in practice 

When voltage and current are out of phase, the speaker is pushing energy back at the amplifier during 
part of every cycle. 

This returned energy is not small — at bass frequencies it can be a significant fraction of the total 
energy involved. 

An amplifier that handles this returned energy cleanly maintains control. One that does not will exhibit 
instability, softened transients, and loss of bass definition. 

This is why you cannot judge a bass amplifier by its behaviour into a resistive test load. The test load 
never pushes back. The real speaker does. 

3.5  Energy Exchange — The Loudspeaker as an Active System 

Section 2 introduced the concept of the amplifier needing to both source and sink current. This section 
establishes why. It is because the loudspeaker is not a passive energy consumer. It is an active energy 
exchanger. It takes energy in, stores part of it as kinetic energy in its moving mass, radiates some of it as 
sound, and returns the rest to the amplifier as electrical energy. 
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Energy flowing IN to the loudspeaker 

• Electrical energy delivered by amplifier 

• Converted to force via Bl × I 

• Force accelerates the cone 

• Kinetic energy stored in moving mass 

• Portion radiated as acoustic sound ⇄ 

Energy flowing OUT from the 
loudspeaker 

• Moving cone acts as a 
generator 

• Voice coil in magnetic field 
produces voltage 

• Back EMF opposes the applied 
signal 

• Reactive energy returned to 
amplifier 

• Amplifier must absorb it 
without instability 

   

The left side of this exchange — energy flowing into the loudspeaker — is what most amplifier 
discussions focus on entirely. The right side — energy flowing back — is what most discussions ignore. It 
is the right side that determines whether the amplifier stays in control, whether the bass is tight or 
loose, and whether transients are accurate or blurred. 
The mechanism by which mechanical energy is converted back into electrical energy is electromagnetic 
induction. As the voice coil moves through the magnetic field, it generates a voltage — the back 
electromotive force. This voltage drives a current back through the circuit. That current must flow 
somewhere. In a well-designed amplifier with low output impedance, it flows through the output stage 
and is managed by the system. In a poorly designed one, it creates instability, adds distortion, and 
reduces control. 
Back EMF will be examined in detail in Section 5. The point to grasp here is its origin: it is an inevitable 
consequence of the loudspeaker's electromagnetic design. Any moving-coil loudspeaker generates back 
EMF. There is no way to eliminate it. The only engineering decision is how well the amplifier system 
handles it. 

3.6  The Loudspeaker as a Mass-Spring-Damper System 

 

Figure 3.3 — The loudspeaker as a mass-spring-damper system. The amplifier's only control input is the driving force Bl × 
I. 
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To understand the loudspeaker's electrical behaviour fully, it is necessary to understand its mechanical 
behavior — because the two are inseparably linked. The voice coil, cone, suspension, and air load form 
what engineers call a mass-spring-damper system. This is one of the fundamental mechanical structures 
in physics, and its behaviour governs everything about how the loudspeaker moves. 

The mass 

The mass is the moving assembly — the cone, voice coil former, voice coil windings, and any air mass 
moving with them. This mass has inertia. It resists changes in velocity. To accelerate it from rest requires 
a sustained application of force. To stop it when it is moving also requires force — applied in the 
opposite direction. This inertia is the reason that large amounts of current are needed at the onset of a 
bass transient: force is needed not just to drive the cone at its final velocity, but to accelerate it from 
rest to that velocity. 

The spring 

The suspension of the loudspeaker — the surround at the cone's outer edge and the spider at the voice 
coil's base — acts as a spring. It provides a restoring force that brings the cone back toward its rest 
position when displaced. This spring stiffness, combined with the moving mass, determines the resonant 
frequency of the loudspeaker. Below this frequency, the compliance of the suspension dominates and 
the cone motion is stiffness-controlled. At resonance, the mass and spring interact to create the 
impedance peak. Above resonance, the mass dominates. 

The damper 

Damping in the loudspeaker system comes from several sources: the mechanical resistance of the 
suspension materials, the radiation resistance of the air load, and — critically for amplifier design — the 
electromagnetic damping provided by the amplifier itself. This electromagnetic damping is the means by 
which the amplifier controls the cone. By allowing back-EMF currents to flow through a low output 
impedance, the amplifier applies a braking force to the cone proportional to its velocity. This is the 
physical mechanism behind what specifications call the damping factor. 

 

The complete mechanical equation of loudspeaker motion 

M(d²x/dt²) + R_m(dx/dt) + Kx = Bl × I 

 

M  —  moving mass of the cone assembly 

R_m  —  mechanical damping resistance 

K  —  stiffness of the suspension (spring constant) 

x  —  displacement of the cone from rest 

Bl  —  the motor force factor (magnetic field strength × voice coil length) 

I  —  current delivered by the amplifier 

 

This is the complete equation governing cone motion. The right-hand side — Bl × I — is the only term 
the amplifier controls directly. Everything else is a property of the loudspeaker's mechanical design. 
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This equation shows that the amplifier's influence over cone motion comes entirely through current. 
Not voltage — current. Voltage is the means by which current is produced in the circuit, but it is the 
current that creates force, and force that creates motion. This distinction becomes critically important in 
Section 4. 

 

3.7  Dynamic Impedance — The Load That Changes with the Signal 

Everything discussed so far has assumed that the loudspeaker's impedance is determined purely by 
frequency. In reality, it is also influenced by the signal level and the cone's displacement. This introduces 
the concept of dynamic impedance — the variation in effective electrical load caused not by frequency 
alone, but by the physical state of the loudspeaker at any given moment. 

As the cone moves to large displacements — which occurs particularly at high signal levels and low 
frequencies — several parameters change: 

The magnetic flux density at the voice coil position varies as the coil moves in and out of the gap — the 
Bl product is not constant over large excursions 

The stiffness of the suspension is not linear — it increases at large displacements, effectively changing 
the resonant frequency of the system 

The effective voice coil inductance changes with cone position and temperature 

The mechanical damping of the suspension changes as the material is stressed at large amplitudes 

 

The consequence of all this is that the effective impedance the amplifier sees — the load it must drive — 
is not simply a function of frequency. It is a function of frequency, signal level, cone position, 
temperature, and operating history. It is a moving target in every sense of the phrase. 

This is why laboratory measurements of loudspeaker impedance, taken at low signal levels with a swept 
sine wave, do not fully represent the load the amplifier faces during musical performance. Under real 
conditions, the load is more variable, more extreme, and more demanding than any steady-state 
measurement can capture. 

 

The amplifier is not driving a fixed impedance. 
It is driving a mechanical system whose electrical behaviour 
changes with every note, every dynamic shift, and every beat. 

3.8  Why Bass Is Uniquely Demanding for Loudspeaker and Amplifier 

All of the effects described in this section — impedance variation, phase shift, energy exchange, mass-
spring-damper dynamics, dynamic impedance — are present at all audio frequencies. But they are most 
severe at bass frequencies, for reasons that follow directly from the physics. 
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Cone excursions are largest at bass frequencies. A 10-inch bass driver reproducing 40 Hz at high output 
may move the cone many millimeters peak to peak. This large excursion maximizes all the nonlinear 
effects — Bl variation, suspension nonlinearity, inductance variation. 

The moving mass is most significant at low frequencies. The mass term in the equation of motion 
dominates below resonance, making the cone hard to start and hard to stop. Large current surges are 
needed at transient onsets. 

The energy stored in the moving mass is proportional to velocity squared and is greatest at bass 
frequencies for a given output level. This stored kinetic energy all returns to the amplifier as back EMF 
when the signal changes. 

The resonance of the loudspeaker system falls within the bass range — typically between 30 and 100 Hz 
for a bass guitar cabinet. This is where the impedance swings are greatest and the energy exchange is 
most intense. 

Bass notes sustain longer than percussive high-frequency sounds. The amplifier must manage the 
reactive loudspeaker load continuously over extended periods, not just during brief transients. 

 

Every weakness in an amplifier system is magnified at bass frequencies. The loudspeaker is 
most demanding, the energy exchange is greatest, and the sustained current requirement is 
highest — all at once. 

3.9  The Resistive Load Fallacy — Why Test Bench Performance Is Not Enough 

Amplifier testing in the audio industry is almost universally performed with resistive loads — non-
inductive, non-reactive resistors that present a constant impedance at all frequencies and return no 
energy to the amplifier. These tests are repeatable, comparable, and convenient. They are also deeply 
inadequate as a measure of real-world performance. 

A resistive load test tells you how the amplifier behaves when it is doing the easiest possible job: driving 
a load that takes what it is given, returns nothing, and stays perfectly constant. No loudspeaker in the 
real world behaves this way. 

The differences that matter — how the amplifier handles the impedance dip at the critical bass 
frequency, how it manages the resonance peak, how quickly and cleanly it absorbs back EMF, how it 
behaves when the cone is moving and returning energy — none of these are captured by resistive load 
testing. Two amplifiers can produce identical results in a resistive load test and behave completely 
differently when connected to real bass cabinets. 

This is not a criticism of the tests. They serve a purpose. But they must be understood for what they are: 
a partial, idealized measure of one aspect of amplifier performance, tested under conditions that never 
exist in practice. 

The test that matters and the test that is done 

What is tested: Amplifier output into a resistive load, swept sine wave, steady state. 

What this tells you: Maximum output power, steady-state distortion, frequency response into an ideal 
load. 

What is NOT tested: Behaviour at impedance dips and peaks, back EMF absorption, transient current 
delivery, dynamic impedance handling, stability into reactive loads. 
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What you actually need to know: All the things that are not tested. 

This gap is not trivial. It is the difference between an amplifier that measures well and one that 
performs well. 

 

3.10  Summary 

Section 3 has established the following: 

The nominal impedance of a loudspeaker — 4 ohms, 8 ohms — is a gross simplification. The real 
impedance varies continuously with frequency, signal level, cone position, and temperature. 

The true impedance is given by Z(ω) = R_e + jωL_e + Z_mech(ω). The mechanical impedance term 
Z_mech dominates the behaviour and is responsible for the resonance peak, the impedance dip, and the 
reactive energy exchange. 

Because the loudspeaker contains reactive elements, voltage and current are not in phase. The 
instantaneous power P(t) = V(t) × I(t) alternates between delivery and recovery. The loudspeaker returns 
energy to the amplifier throughout normal operation. 

The loudspeaker is a mass-spring-damper system. Cone motion is governed by mass (inertia), 
suspension stiffness (spring), and damping (both mechanical and electrical). The amplifier controls the 
system through current, not voltage. 

Dynamic impedance means the effective load seen by the amplifier changes not just with frequency but 
with signal level and cone displacement. The amplifier is always driving a moving target. 

All of these effects are most severe at bass frequencies — the largest excursions, the greatest stored 
energy, the most demanding current requirements, and the most intense energy exchange all occur in 
the bass range. 

Resistive load testing is insufficient to characterise real-world amplifier performance. It captures none of 
the reactive, dynamic, or bidirectional energy behaviour of real loudspeaker loads. 

 

The loudspeaker must be understood as a reactive, dynamic, electromechanical system — 
not a fixed impedance. Any amplifier design or evaluation that does not account for this is 
working from an incomplete model. 

 
SECTION 4 

Electromechanics: Force, Mass, and Motion 

 

Section 3 established that the loudspeaker is a reactive, frequency-dependent electromechanical system 
— not a fixed impedance. This section goes deeper into the physics of how it actually moves. 
Understanding this is not optional background knowledge. It is the foundation for everything that 
follows: why back EMF exists, why damping matters, why transient response is determined by current 
and not voltage, and why bass amplification is more mechanically demanding than any other application 
in audio. 
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The loudspeaker sits at the junction of two physical domains — electrical and mechanical — and 
translates continuously between them. The amplifier speaks in the language of voltage and current. The 
loudspeaker converts this into force, velocity, and displacement. The acoustic output that the audience 
hears is the end result of this chain of physical conversions. Understanding the chain is understanding 
the system. 

 

4.1  The Motor Principle — How Current Becomes Force 

 

Figure 4.1 — F = Bl × I. Voice coil in the magnetic gap. Current creates force; force divided by moving mass gives 
acceleration. 

At the heart of every moving-coil loudspeaker is an electromagnetic motor. A voice coil — a cylindrical 
former wound with wire — sits within a radial magnetic field created by a permanent magnet assembly. 
When current flows through the voice coil, the interaction between that current and the magnetic field 
produces a force. This is the Lorentz force law, one of the fundamental principles of electromagnetism: 

 

F = Bl × I 

F  —  force acting on the voice coil, in Newtons — the mechanical output of the motor 

B  —  magnetic flux density in the gap, in Tesla — determined by the magnet design 

l  —  effective length of voice coil wire within the magnetic field, in metres 

I  —  current flowing through the voice coil, in Amperes — supplied by the amplifier 
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This equation is the Rosetta Stone of loudspeaker behaviour. Everything important about the 
relationship between the amplifier and the loudspeaker traces back to it. Let us examine what it tells us. 

First: force is proportional to current. Not to voltage. Current. The amplifier's job is ultimately to deliver 
current — controlled, accurate, immediate current — into the voice coil. Voltage is the means by which 
this current is established in the circuit, but it is current that the loudspeaker motor responds to. An 
amplifier that maintains voltage beautifully but cannot deliver current will produce no force and 
therefore no motion. 

Second: the product Bl — often written as a single quantity and called the motor force factor — is a 
property of the loudspeaker's design. It is determined by the strength of the magnet, the geometry of 
the magnetic gap, and the length and winding density of the voice coil. A high Bl product means a more 
efficient motor: the same current produces more force. PJB loudspeakers are designed with careful 
attention to Bl, because a well-optimised motor force factor is the foundation of transient accuracy and 
control. 

Third: force is linear with current only if Bl is constant. In reality, Bl varies as the cone moves — the voice 
coil moves in and out of the magnetic gap, and the field density it experiences changes with position. 
This is one of the primary sources of nonlinear distortion in loudspeakers, and one of the reasons why 
large excursions at bass frequencies introduce complexity that small excursions at high frequencies do 
not. 

 

The loudspeaker is driven by current, not voltage. Voltage is the mechanism. Current is the 
cause. Force is the effect. Motion is the result. 

 

4.2  From Force to Motion — Newton's Second Law in the Voice Coil 

Force alone does not tell us how the cone moves. For that, we need Newton's second law: force equals 
mass times acceleration. Applied to the loudspeaker cone: 

 

a = F / M 

a  —  acceleration of the cone, in metres per second squared 

F  —  net force acting on the cone (from the motor minus restoring and damping forces) 

M  —  total moving mass of the cone assembly — cone, former, voice coil, and entrained air 

 

Combining this with the motor force equation gives a direct relationship between electrical current and 
mechanical acceleration: 

a = (Bl × I) / M 
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This combined equation is one of the most important results in loudspeaker physics. It says that 
acceleration — and therefore the speed and responsiveness of the cone — is determined by the ratio of 
motor force to moving mass. A high Bl product gives more force per unit of current. A low moving mass 
means more acceleration per unit of force. Together, they determine how fast and how accurately the 
cone can follow the electrical signal. 
For bass reproduction, this creates an inherent tension. Low-frequency drivers must move large 
amounts of air to produce adequate output, which typically requires larger cones with greater moving 
mass. But larger moving mass means less acceleration for a given force. The amplifier must therefore 
deliver more current to achieve the same acceleration — and it must do so at the onset of every bass 
transient, every time the signal demands it. 
This is why the attack of a bass note is so dependent on the amplifier's transient current capability. The 
current must arrive fast enough, and in sufficient quantity, to overcome the inertia of the cone mass and 
begin acceleration before the transient has passed. A slow or current-limited amplifier will soften the 
attack not because it distorts the waveform, but because it cannot accelerate the cone fast enough. 

For musicians: what cone mass means for your sound 

Every bass loudspeaker has a moving mass. It cannot be zero. It is the physical weight of the cone, the 
coil, and the air moving with them. 

This mass resists starting and resists stopping. Getting it moving requires a current surge. Stopping it 
requires a braking force. 

A light cone with a powerful magnet responds faster — sharper attack, tighter transients. 

A heavy cone with a weaker magnet responds slower — softer attack, looser transients. 

The amplifier does not choose which it prefers. It must deal with whatever mass the loudspeaker 
presents — instantly, every note. 

4.3  The Complete Equation of Motion — Why the Loudspeaker Is Not a Free 
Body 

 

Figure 4.2 — The complete mechanical system: mass (inertia), spring (suspension), and damping (mechanical losses plus 
electromagnetic braking from the amplifier). 
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The simple acceleration equation above assumes the cone is a free body — nothing constraining it, 
nothing restoring it. A real loudspeaker cone is not free. It is suspended by a mechanical system that 
introduces three additional forces: a restoring force from the suspension, a damping force resisting 
velocity, and the electromagnetic braking from the amplifier itself. The complete equation of motion is: 

 

M(d²x/dt²) + R_m(dx/dt) + Kx = Bl × I 

M(d²x/dt²)  —  inertial term — mass times acceleration, opposing changes in velocity 

R_m(dx/dt)  —  damping term — mechanical resistance times velocity, opposing motion 

Kx  —  stiffness term — spring constant times displacement, restoring force 

Bl × I  —  driving force — motor force factor times current, the amplifier's input to the system 

 

This is the equation of a driven mass-spring-damper system. It is one of the most studied equations in all 
of physics, and its solutions describe everything from pendulums and car suspensions to the resonant 
behaviour of bridges. In a loudspeaker, it governs every aspect of cone motion: how fast it starts, how 
far it travels, how it resonates, and how it stops. 

Each term on the left-hand side represents a physical property of the loudspeaker that the amplifier 
must contend with. The right-hand side — Bl × I — is the only term the amplifier controls. Everything 
else is fixed by the loudspeaker's mechanical design. The amplifier must work against the left-hand side 
terms to produce the desired motion. 

 

M(d²x/dt²) R_m(dx/dt) Kx Bl × I 

Inertia term Damping term Stiffness term Driving force 

Opposes acceleration. 
Dominant at low 
frequencies and at 
transient onsets. 
Requires large current 
surges to overcome. This 
is the mass of the cone, 
coil, and entrained air. 

Opposes velocity. 
Determines how quickly 
the cone settles after 
being driven. Includes 
mechanical damping 
from the suspension and 
electromagnetic 
damping from the 
amplifier. 

Opposes displacement. 
The suspension spring 
restores the cone toward 
rest. Together with 
mass, it sets the 
resonant frequency. 
Dominant at very low 
frequencies below 
resonance. 

The amplifier's sole 
means of control. 
Proportional to current. 
This is what the amplifier 
must produce to 
overcome the left-hand 
side and achieve the 
desired cone motion. 

 

4.4  Resonance — Where Mass and Spring Meet 

The interaction between the mass term and the stiffness term in the equation of motion produces 
resonance. At a specific frequency — the resonant frequency, typically denoted Fs — the inertial force 
and the spring force are equal in magnitude and opposite in phase. The cone moves with maximum 
velocity for minimum applied force. Energy oscillates between kinetic (stored in the moving mass) and 
potential (stored in the stretched suspension). This is the same physics as a pendulum, a tuning fork, or 
a vibrating guitar string. 
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For a bass loudspeaker, the resonant frequency typically falls between 30 Hz and 80 Hz depending on 
driver size, cone mass, and suspension stiffness. This places it squarely in the operating range of a bass 
guitar — the open E string of a standard four-string bass vibrates at approximately 41 Hz, and a five-
string bass can reach 31 Hz. 

The consequences for the amplifier are significant: 

At resonance, the loudspeaker's impedance peaks sharply — as seen in the impedance curve discussed 
in Section 3. Current demand is low, but energy exchange between electrical and mechanical domains is 
at its maximum. 

The cone wants to continue oscillating at the resonant frequency even after the driving signal has 
changed. This is the ringing behaviour that underdamped systems exhibit. 

The amplifier must suppress this ringing by providing effective electromagnetic damping — absorbing 
the back EMF generated by the freely resonating cone and converting it into a braking force. 

If the amplifier cannot provide adequate damping — because its output impedance is too high, or 
because the power supply cannot absorb the returned energy — the cone will ring, and the bass 
reproduction will be characterised by a sustained, poorly controlled peak at the resonant frequency. 

 

For musicians, this is the difference between a note that stops when you stop playing and a note that 
continues to bloom after you lift your fingers. Tight, controlled bass is a system with effective damping 
at resonance. Boomy, loose bass is a system with inadequate damping — the cone is partially governing 
its own behavior. 

4.5  The Role of Damping — Mechanical and Electromagnetic 

Damping in the loudspeaker system comes from two sources, and their relative contributions determine 
much of what the system sounds like. 

Mechanical damping (R_m) 

Mechanical damping is the energy dissipation built into the physical materials of the loudspeaker — the 
viscosity of the suspension materials, the internal friction of the cone and former, and the radiation 
resistance of the air load. This damping is inherent to the loudspeaker's construction and cannot be 
altered by the amplifier. It is fixed by the design. Well-engineered loudspeakers are designed to have 
appropriate mechanical damping for their intended application, but the amplifier cannot compensate 
for a loudspeaker that is poorly damped mechanically. 

Electromagnetic damping — the amplifier's contribution 

The second source of damping is electromagnetic, and this is where the amplifier plays a direct role. As 
the cone moves, the voice coil generates a voltage — back EMF — proportional to its velocity. This 
voltage drives a current through the circuit. The magnitude of that current depends on the total 
impedance in the path, which is dominated by the amplifier's output impedance when it is small. This 
current creates a force on the voice coil that opposes its motion — a braking force proportional to 
velocity. 

This is the physical mechanism behind the damping factor specification. A lower amplifier output 
impedance means more back-EMF current can flow, which means a stronger braking force, which means 
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tighter control of cone motion. A higher output impedance limits the braking current, reduces the 
electromagnetic damping, and allows the cone to move more freely — for better or worse depending on 
the application. 

Electromagnetic damping in plain terms 

When the cone is moving and the signal says 'stop', the amplifier must actively brake the cone. 

It does this by allowing back-EMF current to flow back through itself — like a generator connected to a 
load. 

The lower the amplifier's output impedance, the more current can flow, the harder the braking force. 

High output impedance = weak brake = cone coasts = loose bass. 

Low output impedance = strong brake = cone stops fast = tight bass. 

This is not a subjective tonal preference. It is the physics of electromagnetic braking. 

The total damping of the system — mechanical plus electromagnetic — is described by the Q factor. 
Specifically, the total Q (Qtc in a cabinet) determines whether the system is underdamped (Q > 0.707, 
prone to ringing), critically damped (Q = 0.707, fastest possible settling without overshoot), or 
overdamped (Q < 0.707, slow and sluggish). The amplifier's output impedance affects Qtc directly, which 
is why the same loudspeaker cabinet can sound different with different amplifiers — even when all 
other factors are equal. 

4.6  A Bass Note — Phase by Phase 

To make all of this concrete, let us trace the complete life of a single bass note through the 
electromechanical system. The table below follows the electrical and mechanical events from the 
moment the string is plucked to the moment the note decays to silence, showing what the amplifier 
must do at each stage. 

Phase Electrical domain Mechanical domain Demand on amplifier 

Attack 
(signal onset) 

Large current surge 
demanded from amplifier 
and PSU 

Cone at rest — full inertia 
must be overcome to initiate 
motion 

Maximum current demand. 
PSU must respond instantly. 
Voltage must not sag. 

Acceleration 
(first 10–40 ms) 

Current sustained as cone 
accelerates. Back EMF 
begins to build. 

Cone accelerates. Kinetic 
energy stored in moving 
mass increases rapidly. 

Must continue current 
delivery while opposing 
growing back EMF. 

Sustained note 
(steady state) 

Current delivery and back 
EMF in dynamic equilibrium. 
Phase shifts active. 

Cone moving at controlled 
velocity. Reactive energy 
exchange at maximum. 

Must manage bidirectional 
energy flow. PSU must 
sustain delivery. 

Decay 
(signal reduces) 

Back EMF exceeds drive 
signal. Current reverses 
direction. 

Cone decelerating. Stored 
kinetic energy being 
returned as electrical 
energy. 

Must absorb returned 
energy cleanly. Braking 
current controls cone stop. 

Release 
(signal ends) 

No drive signal. Back EMF 
only. Pure regenerative 
current flow. 

Cone coasting to rest against 
suspension restoring force 
and damping. 

Output impedance 
determines braking force 
and speed of cone arrest. 



38 
 

 

Reading through this table, several things become clear. The amplifier's job is not uniform throughout 
the life of a note. At the attack it must deliver maximum current. During the sustained body of the note 
it must manage bidirectional energy flow. During the decay and release it must absorb returned energy 
and provide braking. These are four different operating conditions, all within the duration of a single 
note. 

An amplifier that handles the attack well but has a slow-recovering power supply will manage the first 
phase and fail at the second. One that delivers current but has high output impedance will fail to brake 
the cone during the decay and release phases. The performance that a musician hears is the aggregate 
of all five phases, across every note, throughout the entire performance. 

4.7  Nonlinearity — When the Physics Gets Complicated 

Everything discussed so far has assumed that the key parameters of the loudspeaker system — Bl, M, 
R_m, K — are constant. In a well-designed driver at moderate excursions, this is approximately true. But 
at large excursions — which are characteristic of bass frequencies at high output levels — this 
approximation breaks down. 

Bl variation with displacement 

The motor force factor Bl is constant only when the voice coil is centred in the magnetic gap. As the 
cone moves outward or inward, the coil moves partially out of the uniform field region, and the effective 
Bl decreases. This means that at large excursions, the same current produces less force at the extremes 
of travel than at the centre. The result is harmonic distortion — the cone motion is not a faithful replica 
of the drive current. PJB driver design addresses this through careful magnetic circuit geometry and 
voice coil winding optimisation. 

Suspension nonlinearity 

The stiffness of the suspension is not perfectly linear. At small displacements it behaves as a simple 
spring — force proportional to displacement. At large displacements, most suspension materials stiffen 
progressively — the restoring force increases faster than linearly with displacement. This progressive 
stiffening changes the effective resonant frequency at large excursions and introduces additional 
distortion components. 

Voice coil inductance variation 

The inductance of the voice coil changes with its position within the magnetic circuit. As the coil moves 
in and out of the gap, the permeability of the materials surrounding it changes, altering the inductance. 
This inductance variation is frequency-modulated by the cone motion, introducing intermodulation 
distortion — particularly audible as a harshness or roughness in the bass at high output levels. 

 

Nonlinearity at large excursions is unavoidable in moving-coil loudspeakers. The designer's 
job is to minimize it through careful geometry and material selection. The amplifier cannot 
correct for it — but a well-designed amplifier that maintains control at large excursions will 
produce less of it. 
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4.8  What the Amplifier Must Do — A Summary of the Demands 

Section 4 has revealed the full scope of what the amplifier is asked to do when it drives a loudspeaker at 
bass frequencies. These demands go far beyond anything captured in standard specifications: 

Deliver a large, fast current surge at the onset of every bass transient to overcome cone inertia and 
initiate acceleration. This current must arrive without delay — any lag means a softened attack. 

Sustain current delivery through the body of the note as the cone operates at velocity, managing the 
bidirectional energy exchange driven by phase shift and back EMF. 

Maintain output voltage stability throughout, so that the relationship between input signal and output 
force remains accurate. Voltage sag under transient load compromises this accuracy directly. 

Absorb back EMF cleanly during cone deceleration and after the signal has ended. This requires low 
output impedance and a power supply that can accept returned energy without becoming unstable. 

Provide electromagnetic braking — through low output impedance — to control cone overshoot and 
suppress ringing at the resonant frequency. 

Manage all of this under conditions that are nonlinear, time-varying, and continuously changing with 
every note played. 

The amplifier does not simply drive the loudspeaker. 
It controls it. 
Drive is one-directional. Control is bidirectional. 
And it is control that determines what a bass amplifier actually sounds like. 

4.9  The Bl Product in PJB Driver Design 

 

Figure 4.3 — PJB distributed driver architecture. Nine 5-inch units vs a single large driver. Low Mms per driver and small 
excursion per driver produce faster, more linear transient response. 
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At Phil Jones Bass, the Bl product is a primary design parameter — not an afterthought. The measured Bl 
for the PJB 5-inch neodymium driver is 6.025 T·m. This figure is the result of deliberate engineering of 
the magnet assembly, pole piece geometry, and voice coil winding specification. 

A higher Bl means more force per ampere of current. In practical terms, this means better transient 
accuracy — the cone responds more faithfully to the current waveform the amplifier delivers. It also 
means more effective electromagnetic damping, because the same back-EMF current produces a larger 
braking force. And it means lower distortion at moderate excursions, because the motor operates in a 
more linear region of its Bl curve for a given output level. 

This is why PJB's distributed driver architecture — using multiple smaller, high-Bl drivers rather than 
fewer large ones — achieves the transient accuracy and definition that musicians hear as punch and 
clarity. Each small driver has lower moving mass, higher Bl product relative to that mass, and smaller 
peak excursions at a given output level. All three factors contribute to faster, more accurate, more 
controlled motion. 

 

PJB driver parameters (5-inch neodymium unit) 

Bl  =  6.025 T·m   —  motor force factor 

Mms  =  6.707 g      —  moving mass (cone, coil, entrained air) 

Sd  =  86.59 cm²   —  effective piston area 

Re  =  6.56 Ω       —  voice coil DC resistance 

Le  =  0.061 mH     —  voice coil inductance 

 

The ratio Bl/Mms = 6.025 / 0.006707 ≈ 898 T·m/kg. 

This is the motor efficiency figure. Higher values mean faster, more accurate transient response. 

4.10  Summary 

Section 4 has established the complete electromechanical picture of loudspeaker behaviour: 

The fundamental driving force is F = Bl × I. The loudspeaker responds to current, not voltage. Current 
creates force. Force creates motion. 

Acceleration is governed by Newton's second law: a = (Bl × I) / M. Cone mass is the primary limitation on 
transient response. High current at transient onset is required to overcome inertia. 

The complete equation of motion M(d²x/dt²) + R_m(dx/dt) + Kx = Bl × I shows three mechanical forces 
the amplifier must work against: inertia, damping, and stiffness. 

Resonance occurs where mass and spring interact. The amplifier must suppress cone ringing at 
resonance through electromagnetic damping. 

Electromagnetic damping — the amplifier's contribution to cone control — is provided through low 
output impedance that allows back-EMF currents to flow and create braking forces. 

A bass note passes through five distinct phases, each placing different demands on the amplifier: attack, 
acceleration, sustained steady state, decay, and release. 
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Nonlinearity at large excursions introduces Bl variation, suspension nonlinearity, and inductance 
modulation — all of which add distortion that the amplifier cannot correct but can influence through its 
level of control. 

The PJB distributed driver architecture addresses these demands through high Bl/Mms ratio, low 
individual excursion per driver, and optimised motor geometry. 

Every aspect of bass amplifier performance — attack, punch, definition, control, damping — 
traces back to the physics in this section. F = Bl × I is where it all begins. 

 

 
SECTION 5 

Back EMF: The Loudspeaker Strikes Back 

Section 4 established that the loudspeaker is driven by current, that cone motion is governed by 
Newton's second law applied to a mass-spring-damper system, and that the amplifier must manage 
bidirectional energy flow. This section examines the mechanism of that return energy flow in detail: 
back electromotive force, universally abbreviated as back EMF. 
Back EMF is not a side effect. It is not an anomaly. It is an intrinsic consequence of the physics of 
electromagnetic induction — the same physics that makes electric motors and generators work. 
Because a loudspeaker is both a motor and a generator, back EMF is generated every time the cone 
moves. It is always present during normal operation. The amplifier must always manage it. 
Understanding back EMF is therefore not optional. It is central to understanding what a bass amplifier is 
actually doing. 

5.1  The Generator Principle — The Loudspeaker Works Both Ways 

 

Figure 5.1 — Motor action and generator action occurring simultaneously. The loudspeaker is always both a motor and a 
generator — the amplifier must manage both. 
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A moving-coil loudspeaker operates on Faraday's law of electromagnetic induction. When current flows 
through a conductor in a magnetic field, the conductor experiences a force — this is the motor action 
examined in Section 4. But Faraday's law works in both directions: when a conductor moves through a 
magnetic field, a voltage is induced in it. This is the generator action. 

In a loudspeaker, both actions occur simultaneously. The voice coil is always a conductor in a magnetic 
field. When the amplifier drives current through it, motor action produces force and motion. But the 
moment the cone starts moving, the same voice coil — now moving through the same magnetic field — 
generates a voltage. This generated voltage is back EMF, and it is expressed as: 

 

V_bemf = Bl × v 

V_bemf  —  back electromotive force, in Volts — the voltage generated by cone motion 

B  —  magnetic flux density in the gap, in Tesla 

l  —  effective length of voice coil wire within the magnetic field, in metres 

v  —  velocity of the cone, in meters per second — the direct cause of back EMF 

 

This equation has immediate and important consequences. Back EMF is proportional to velocity — not 
displacement, not acceleration, but velocity. The faster the cone moves, the larger the back EMF 
generated. At bass frequencies, cone velocities can be substantial even at moderate output levels, 
because the cone must move through large distances at low speeds to produce the required air 
displacement. The back EMF generated under these conditions is not negligible. 

Back EMF opposes the applied voltage. By Lenz's law — the fundamental conservation law of 
electromagnetism — the induced voltage always opposes the change that caused it. The amplifier 
applies a voltage to drive current through the voice coil. The back EMF generated by the resulting 
motion opposes this applied voltage. The net voltage across the voice coil resistance is therefore the 
difference between the amplifier's output voltage and the back EMF. 

 

A loudspeaker is not only a motor — it is simultaneously a generator. Back EMF is generated 
every time the cone moves. It is always present. The amplifier must always manage it. 

5.2  Energy Flow — What Goes In, What Comes Back 

To understand the full significance of back EMF, it helps to trace the energy flow through the complete 
system. Energy does not simply travel from the amplifier to the loudspeaker and disappear as sound. 
The flow is bidirectional, continuous, and more complex than most amplifier discussions acknowledge. 

 

Amplifier delivers 
Electrical energy out 

→ 
Loudspeaker converts 
Motion + kinetic storage ⇄ 

Energy returns 
Back EMF → amplifier 
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The left-to-right flow is the part most discussions cover: the amplifier delivers electrical energy, the 
loudspeaker converts it to mechanical motion, and part of that mechanical motion produces acoustic 
output. This is the simple, one-directional model. 

The right-to-left flow — indicated by the double-headed arrow — is what this section is about. Not all 
the energy the amplifier delivers ends up as sound. A significant portion is stored as kinetic energy in the 
moving cone mass. When the drive signal decreases or reverses, this stored kinetic energy does not 
stop. The cone continues moving due to its inertia. As it moves, it generates back EMF. That EMF drives 
current back through the circuit — back into the amplifier. 

This returned energy must go somewhere. In a well-designed amplifier with low output impedance, it 
flows through the output stage and is managed by the system — contributing to the electromagnetic 
braking discussed in Section 4. In a poorly designed amplifier, it can cause voltage instability on the 
supply rails, introduce distortion into subsequent cycles, or simply be wasted as heat in the output stage 
under uncontrolled conditions. 

5.3  The Back EMF Timeline — What Happens Through a Complete Note 

The relationship between cone velocity, back EMF, and amplifier current changes continuously through 
the life of a note. The following table traces these quantities from signal onset to silence, showing how 
the amplifier's role shifts at each stage. 

 

Time Cone velocity Back EMF Amplifier current Net effect 

t = 0 
Signal starts 

Zero. Cone at rest. No 
back EMF. 

Zero. Maximum demanded. 
Must overcome full 
inertia of resting cone. 

Net force = Bl×I fully 
available for 
acceleration. 

t = rising 
Acceleration 

Increasing rapidly. Back 
EMF begins to grow. 

V_bemf = Bl×v, rising 
with velocity. 

Amplifier must 
maintain current 
against growing 
opposing voltage. 

Net driving force 
decreases as back EMF 
rises. 

t = steady 
Full velocity 

Near maximum for this 
signal level. Back EMF 
near peak. 

Maximum. Opposes 
drive signal strongly. 

Amplifier balances 
drive current against 
back EMF. Reactive 
exchange at peak. 

Equilibrium. Force 
sustains velocity 
against damping. 

t = falling 
Signal 
reduces 

Decreasing. Cone still 
moving. Back EMF 
exceeds drive signal. 

Now greater than drive 
voltage. Current 
reverses direction. 

Amplifier absorbs 
reverse current. This is 
the braking current. 

Net braking force 
decelerates cone. 
Amplifier must sink 
current cleanly. 

t = 0 
Signal ends 

Coasting toward rest. 
No drive signal. Pure 
back EMF. 

Proportional to 
remaining velocity. 
Decays toward zero. 

Pure braking current 
through amplifier 
output impedance. 

Speed of arrest 
determined by output 
impedance. Low Z_out 
= fast stop. 

 

The most important moment in this table is the transition between rows three and four — where the 
signal begins to fall and the back EMF exceeds the drive voltage. At this point, the current through the 
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voice coil reverses direction. The loudspeaker is now acting as a generator driving current back into the 
amplifier output stage. The amplifier has gone from sourcing current to sinking it. This transition 
happens many times per cycle at bass frequencies, and the amplifier must handle it without any 
instability, delay, or distortion. 

Row five — when the signal has fully ended — is where poor damping becomes most audible. The cone 
is still moving, generating back EMF, and driving current back through the output impedance of the 
amplifier. The lower the output impedance, the more of this current can flow, the stronger the braking 
force, and the faster the cone comes to rest. High output impedance restricts this current, leaves the 
cone free to coast, and produces the audible ringing or bloom after a note ends. 

 

5.4  Interaction with Output Impedance — The Gateway to Control 

The output impedance of the amplifier is the gateway through which back EMF current flows. Its value 
determines how much of the loudspeaker's returned energy is absorbed as a braking force and how 
much escapes the control loop. 

When the cone moves and generates back EMF, that voltage drives a current through the total circuit 
impedance — which includes the voice coil resistance (R_e), any cable resistance, and the amplifier's 
output impedance (Z_out). The braking current is: 

 

I_brake = V_bemf / (R_e + Z_out) 

I_brake  —  braking current flowing back through the circuit, in Amperes 

V_bemf  —  back EMF generated by cone velocity = Bl × v 

R_e  —  DC resistance of the voice coil — typically 5–7 ohms 

Z_out  —  output impedance of the amplifier — ideally as low as possible 

 

This equation shows directly why output impedance matters so much for bass control. If Z_out is large 
relative to R_e, it dominates the denominator and reduces I_brake significantly. Less braking current 
means less braking force (F = Bl × I), which means the cone takes longer to decelerate, which means 
more ringing and less definition. 

If Z_out is small — approaching zero in an ideal amplifier — the braking current is limited only by the 
voice coil resistance R_e. This maximises the braking force for a given velocity, producing the fastest, 
most controlled cone arrest. This is the physical basis of the damping factor specification, and it is why 
that specification matters most at low frequencies where cone velocities and kinetic energies are 
greatest. 

An important point often overlooked: output impedance is not constant. It varies with frequency, with 
the internal state of the amplifier, and — critically — with the condition of the power supply. If the 
power supply rails sag when the amplifier is absorbing back-EMF current, the effective output 
impedance seen by the loudspeaker increases. The power supply therefore plays a direct role in 
determining how well back EMF is managed, even though it is physically separate from the output stage. 
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5.5  Power Supply Interaction — Where the Returned Energy Goes 

When back-EMF current flows back through the amplifier output stage, it does not simply stop at the 
output transistors. It propagates further — into the power supply rails. This is one of the most important 
and least discussed aspects of amplifier design for bass reproduction. 

In a Class A-B amplifier, the output transistors are connected between the positive and negative supply 
rails. When back-EMF current flows back through them in the reverse direction, it charges the supply rail 
capacitors. If these capacitors are large enough and the rectifier design permits, this energy can be 
absorbed cleanly. If the supply rail voltage rises above the normal level as a result — a phenomenon 
sometimes called rail bounce — this modulates the supply to the rest of the amplifier circuit, potentially 
introducing distortion into subsequent cycles. 

In a Class D amplifier, the output stage consists of switching devices connected in a half-bridge or full-
bridge configuration. Returned energy from the loudspeaker causes current to flow through the body 
diodes of the output switches back to the supply. The supply must accommodate this reverse current 
flow without instability. If the supply is not designed for bidirectional energy flow, voltage spikes can 
occur at the moment of energy return, stressing the output devices and potentially causing instability. 

 

What a good power supply must handle — in both directions 

DELIVERING energy: Rapid current surges at transient onsets, sustained high current at bass 
frequencies, stable voltage under varying load impedance. 

 

ABSORBING energy: Back-EMF currents returning from the loudspeaker, rail voltage stability when 
absorbing reverse current, rapid recovery to deliver the next transient. 

 

A supply that can only deliver — but not absorb cleanly — will exhibit rail bounce, increased distortion 
under dynamic conditions, and loss of bass control. This is more common than the industry 
acknowledges. 

 

The practical consequence of poor power supply back-EMF handling is often subtle but cumulative. 
Individual notes may sound reasonable. But under sustained, demanding bass playing — dense low-end 
content, high dynamics, multiple instruments sharing the amplifier's energy budget — the supply rail 
instability accumulates. The result is a progressive loss of tightness and clarity that worsens as the 
musical density increases. Musicians often describe this as the amplifier losing control under pressure. 

5.6  Good and Poor Back EMF Management — What It Sounds Like 

The effects of back EMF management quality are among the most directly audible aspects of amplifier 
performance. The descriptions musicians use — tight, loose, controlled, boomy, defined, blurred — are 
all translations of the engineering reality of how well the amplifier handles the returned energy from the 
loudspeaker. The following table maps these descriptions to their physical causes. 
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Effective back EMF management  Poor back EMF management 

✔  Cone stops quickly when signal ends — no 
ringing or bloom 

 ✘  Cone continues moving after signal ends — 
ringing, bloom, overhang 

✔  Note attacks are sharp and immediate — full 
transient energy delivered 

 ✘  Attacks are softened — energy returned 
from the cone interferes with onset 

✔  Bass is defined and articulate at all dynamic 
levels 

 ✘  Bass becomes increasingly loose as dynamic 
level rises 

✔  Notes decay cleanly — the end of a note is 
as controlled as the beginning 

 ✘  Note decays are uncontrolled — resonance 
persists 

✔  The amplifier behaves consistently whether 
played softly or driven hard 

 ✘  The amplifier sounds different — tonally not 
just louder — when driven hard 

✔  Fast bass lines retain individual note 
definition at speed 

 ✘  Fast bass lines blur together — individual 
notes lose separation 

   

 

These are not tonal preferences. They are direct consequences of physics. An amplifier that ticks every 
box on the left column is one that maintains low output impedance, has a power supply capable of 
absorbing returned energy without rail instability, and has an output stage that handles bidirectional 
current flow cleanly. An amplifier on the right column is failing at one or more of these requirements. 

5.7  Back EMF and Resonance — The Most Critical Frequency 

Back EMF is generated at all frequencies where the cone is moving, but its consequences are most 
severe at and around the loudspeaker's resonant frequency. This is because resonance is the condition 
where the loudspeaker stores and exchanges energy at the maximum rate relative to the driving signal. 

At resonance, the mechanical system of the loudspeaker — mass and spring — are in equilibrium. The 
cone wants to continue oscillating at this frequency regardless of what the drive signal is doing. The 
energy stored in the oscillating system is at its maximum for a given output level. When the amplifier's 
drive signal changes or stops, this stored energy continues to drive cone motion, generating back EMF at 
the resonant frequency even in the absence of an input signal. 

The only mechanism that can suppress this resonant ringing — other than mechanical damping within 
the loudspeaker itself, which is fixed by the design — is the electromagnetic damping provided by the 
amplifier. Back-EMF current at the resonant frequency must be able to flow through the amplifier 
output impedance, creating a braking force that absorbs the resonant energy. If the output impedance is 
too high to allow adequate braking current, the cone will ring at its resonant frequency after every bass 
note. 

For a bass guitar cabinet with a resonant frequency in the 40 to 70 Hz range, this ringing appears as a 
sustained, poorly defined low-frequency bloom after each note — particularly audible when playing in a 
live or studio environment where it can muddy the low end of the mix. Engineers working in the studio 
call this overhang. Musicians call it woolly or muddy bass. It is back EMF at resonance, inadequately 
managed. 
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Resonant ringing in plain terms 

Imagine you push a child on a swing, then stop pushing. The swing continues oscillating at its natural 
frequency. 

A loudspeaker cone at resonance is the same — it wants to keep oscillating at its natural frequency 
after the drive signal stops. 

The amplifier is the person standing behind the swing, holding it still after the push ends. 

A low output impedance = strong hands = cone stops quickly. 

A high output impedance = weak hands = cone keeps swinging = the bass note blooms after you lift 
your fingers. 

 

5.8  Nonlinear Back EMF — When the Approximation Breaks Down 

The equation V_bemf = Bl × v assumes that the Bl product is constant. As established in Section 4, this is 
only approximately true. At large cone excursions — exactly the conditions that occur at high bass 
output levels — Bl varies with position. This means the back EMF generated at large excursions is not a 
faithful replica of the cone velocity profile. It contains distortion components. 

These distortion components arrive at the amplifier output stage along with the legitimate back-EMF 
signal. The amplifier cannot distinguish between them. It must absorb the total returned voltage 
regardless of its harmonic content. If the amplifier is operating near its limits when this nonlinear back 
EMF arrives, it may introduce additional distortion into the output on the next cycle — creating a 
feedback loop between loudspeaker nonlinearity and amplifier behaviour. 

There is also a subtler effect: because Bl varies with position and velocity simultaneously, the back EMF 
contains intermodulation products — sum and difference frequencies between the fundamental drive 
frequency and the mechanical resonance. These intermodulation products are audible as a roughness or 
harshness in the bass at high levels, even when the fundamental harmonic distortion appears low. This 
is one of the reasons why measured THD figures can fail to predict perceived sound quality at real-world 
bass levels. 

Second harmonic distortion: from symmetrical Bl variations around the rest position — these cancel 
with careful magnetic circuit design 

Third harmonic and higher: from asymmetrical Bl variations, suspension nonlinearity, and inductance 
modulation — these are harder to cancel and dominate at large excursions 

Intermodulation products: from the interaction of multiple frequency components in the drive signal 
with a nonlinear mechanical system — audible as harshness or graininess 

 

A well-designed amplifier that maintains control and low output impedance at large signal levels will 
minimize the impact of nonlinear back EMF by ensuring that the braking force remains as linear as 
possible even under nonlinear conditions. This requires both a robust output stage and a power supply 
that does not sag and increase effective output impedance precisely when the back EMF is at its most 
complex. 
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5.9  Back EMF and Class D — Particular Challenges for Switching Amplifiers 

Class D amplifiers face particular challenges in managing back EMF because of the nature of their output 
stage. A Class A-B amplifier's output transistors are continuously conducting and can absorb back-EMF 
currents smoothly through their linear operating region. A Class D amplifier switches its output devices 
fully on or off at high frequency. The management of back-EMF energy in a switching topology requires 
careful circuit design. 

In a Class D half-bridge output stage, the back-EMF current returning from the loudspeaker must flow 
through the body diodes of the switching devices when the switch itself is off. These body diodes have a 
forward voltage drop that is not negligible — typically 0.5 to 1.0 volts. This forward voltage appears as a 
braking resistor in series with the back-EMF current path, reducing the effective damping. Well-designed 
Class D output stages use gate drive timing and output filter design to minimise this effect, but it 
remains a design challenge that Class A-B topologies do not face in the same form. 

Additionally, the output filter of a Class D amplifier — typically a low-pass LC filter between the 
switching stage and the loudspeaker — interacts with back EMF in a frequency-dependent way. At 
frequencies near the filter's cutoff, the filter's own resonance can interact with the loudspeaker's back 
EMF, potentially reducing the effective damping seen by the loudspeaker at these frequencies. This is 
one of the reasons why Class D output filter design for bass amplification requires more care than the 
same design for full-range applications. 

 

Managing back EMF well in a Class D amplifier requires careful attention to output switch 
body diode characteristics, output filter design, gate drive timing, and power supply 
bidirectional energy handling. It is not automatic, and it is not simple. 

 

5.10  Why Back EMF Is Rarely Discussed — and Why It Should Be 

Despite being a fundamental and unavoidable aspect of loudspeaker operation, back EMF is rarely 
discussed in amplifier product literature, reviews, or consumer guides. The reasons for this are largely 
practical. Back EMF is difficult to measure directly in a meaningful way under dynamic conditions. Its 
effects are system-dependent — the same amplifier will manage back EMF differently with different 
loudspeakers, different cabinets, and different program material. And because its consequences are 
most often described subjectively — tight versus loose, controlled versus boomy — they are easy to 
dismiss as matters of opinion rather than engineering. 

But they are not matters of opinion. They are matters of physics. Back EMF exists. It returns to the 
amplifier. It must be managed. The degree to which it is managed well or poorly determines a significant 
portion of what a bass amplifier sounds like under real playing conditions. Ignoring it in amplifier design, 
specification, or evaluation is not simplification — it is incompleteness. 

At Phil Jones Bass, back EMF management is a core design consideration. The output impedance of PJB 
amplifiers is specified and maintained at low values not just for the standard damping factor 
measurement, but across the full bass frequency range where back EMF is most consequential. The 
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power supply design accounts for bidirectional energy flow. The interaction between the amplifier and 
PJB drivers is tested under dynamic conditions, not just with steady-state sine waves. 

Back EMF is not a secondary effect. 
It is a fundamental aspect of how loudspeakers work. 
Ignoring it reduces the system to a one-way energy flow 
that simply does not exist in the real world. 

5.11  Summary 

Section 5 has established the complete picture of back EMF in bass amplification: 

Back EMF is generated whenever the loudspeaker cone moves. V_bemf = Bl × v. It is proportional to 
cone velocity and opposes the applied voltage. 

A loudspeaker is simultaneously a motor (current in → force out) and a generator (motion in → voltage 
out). Both actions occur at the same time during normal operation. 

Energy flows bidirectionally: the amplifier delivers electrical energy, the loudspeaker stores kinetic 
energy in the moving mass, and that kinetic energy is returned to the amplifier as back EMF when the 
signal changes or stops. 

The amplifier must act as both an energy source and an energy sink. It must absorb returned energy 
without instability, voltage fluctuation, or loss of control. 

The braking current I_brake = V_bemf / (R_e + Z_out) determines the electromagnetic damping force. 
Low Z_out maximises braking current, maximises damping force, and produces tight, controlled bass. 

The power supply must handle bidirectional energy flow. Rail bounce from poor back-EMF absorption 
causes distortion and loss of control under sustained dynamic playing. 

Back EMF at the loudspeaker's resonant frequency causes ringing and bloom if inadequately managed. 
Effective electromagnetic damping requires low output impedance at and below the resonant 
frequency. 

Nonlinear back EMF at large excursions introduces distortion components that the amplifier cannot 
correct but can influence through maintaining control and low output impedance at high signal levels. 

Class D amplifiers face particular challenges in managing back EMF due to body diode characteristics, 
output filter interaction, and switching topology. These require careful design, not assumptions. 

 

Back EMF management is not a fine detail of amplifier design. It is one of the primary 
determinants of bass amplifier performance. It determines what musicians call tight or 
loose, controlled or boomy, defined or blurred. These words have equations behind them. 

 

 

 

 

 

 



50 
 

SECTION 6 

The Power Supply: Engine of the System 

 

Sections 1 through 5 have built a complete picture of what the loudspeaker demands from the amplifier 
system: bidirectional current flow, instantaneous transient response, back EMF absorption, 
electromagnetic braking, and sustained energy delivery at low frequencies. Every one of these demands 
places its real burden not on the amplifier circuit itself, but on the component that feeds it: the power 
supply. 

And yet in most amplifier discussions, the power supply is treated as background infrastructure. It is 
mentioned, if at all, as the thing that provides the voltage rails. Its specifications are listed last, if they 
are listed at all. It is rarely the subject of comparative analysis or detailed engineering discussion in 
consumer-facing literature. 

This is a significant omission in most audio engineering communication. The power supply is not 
background infrastructure. It is the engine. In many cases, it is the single most important determinant of 
how a bass amplifier actually performs under real playing conditions. 

6.1  The Engine and Transmission — Revisited in Detail 

Section 1 introduced the analogy of the amplifier as transmission and the power supply as engine. This 
section develops that analogy fully, because it captures the relationship more accurately than most 
technical descriptions. 

A transmission converts rotational force from the engine into the specific speed and torque required at 
the wheels. It can be highly sophisticated — variable gear ratios, clutch management, overdrive — but 
its performance is absolutely bounded by the engine feeding it. An efficient, well-engineered gearbox 
connected to an underpowered engine produces an underpowered vehicle. The gearbox is not the 
limiting factor. The engine is. 

Exactly the same relationship holds in an amplifier. The output stage converts the supply voltage and 
current into the specific voltage waveform and current drive required at the loudspeaker. It can be 
highly sophisticated — feedback topology, thermal compensation, bias management — but its 
performance is bounded by the power supply feeding it. A well-designed output stage fed by an 
inadequate power supply produces inadequate performance. The output stage is not the limiting factor. 
The supply is. 

The amplifier is the transmission. 
The power supply is the engine. 
You can have the finest transmission ever built. 
Without the engine to match, the vehicle will not perform. 

This is not a metaphor for loose illustration. It is an accurate description of the engineering reality. The 
power supply sets the ceiling. Everything downstream operates beneath it. No circuit refinement, no 
feedback topology, no output stage sophistication can compensate for a power supply that cannot 
deliver current when the system demands it. 
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6.2  The Water Model — Making the Physics Intuitive 

For musicians, the most useful way to understand the power supply's role is through the water model 
that has been used informally in audio engineering discussions for decades — and which maps the 
physics of the system with surprising accuracy. 

 

Tank (power supply) 

Stores energy. Pressure = voltage. 
Volume = capacitance. Must refill 

fast after each draw. 

⇄ 

Valve (amplifier) 

Controls flow rate. Precision of 
control = output stage quality. 

Pressure drop = output 
impedance. 

⇄ 

Water wheel (speaker) 

Has inertia. Resists starting and 
stopping. Pushes water back when 

slowing. Back-pressure = back 
EMF. 

 

In this model, the tank represents the power supply. Its pressure corresponds to voltage. The volume of 
water it can hold and deliver before its pressure drops corresponds to capacitance — energy storage. 
The rate at which it refills from the mains corresponds to transformer VA rating and rectifier efficiency. 

The valve represents the amplifier. It controls exactly how much water flows at any moment, in 
response to the signal. The precision of this control corresponds to the output stage quality. The 
pressure drop across the valve — the difference between tank pressure and wheel pressure — 
corresponds to output impedance. 

The water wheel represents the loudspeaker. It has inertia — it resists starting and stopping. Once 
moving, it pushes water back against the flow when slowing down. This back-pressure is the hydraulic 
equivalent of back EMF. The wheel cannot tell the valve what to do. The valve controls the wheel. But if 
the tank runs low on pressure, the valve has nothing to work with, and control is lost. 

For musicians: when you play a hard, fast bass line and the amplifier starts to sound compressed and 
loose — the tank is running low between notes. The wheel is getting ahead of the tank's ability to fill. 
The result is lost punch, lost definition, and lost control — not because the valve is badly designed, but 
because the engine cannot keep up. 

6.3  Voltage Sag — The First Failure Mode 

The most straightforward consequence of an inadequate power supply is voltage sag: the reduction in 
supply rail voltage that occurs when current demand exceeds the supply's ability to maintain pressure. 
This is expressed as: 

 

V_sag = I_demand × Z_supply 

V_sag  —  voltage drop across the power supply under load, in Volts 

I_demand  —  current demanded by the amplifier at this instant, in Amperes 

Z_supply  —  effective impedance of the power supply at this frequency, in Ohms 
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This equation shows that voltage sag scales with both the current demand and the supply impedance. 
Under moderate, steady-state conditions — a sustained note at moderate volume, into a nominal 
impedance load — the sag may be small enough to be imperceptible. Under transient conditions — the 
onset of a hard-plucked bass note at high volume, into a load at its impedance minimum — both 
I_demand and the instantaneous Z_supply can be at their worst simultaneously. The resulting sag can be 
substantial. 

The consequence at the amplifier output is direct. From Section 2: V_out = V_ideal − (I_load × Z_out) − 
V_sag. When V_sag increases, V_out decreases. The amplifier cannot maintain its output voltage. The 
transient is compressed. The attack of the note is softened. The dynamic impact that the musician 
intended to deliver is not what reaches the audience. 

Cumulative sag under sustained demand 

Voltage sag under a single transient may recover quickly if the supply capacitors are large and the 
recharge rate is fast. But sustained bass playing creates a different problem: cumulative sag. Each note 
draws from the reservoir. If the recharge rate between notes is insufficient, the average rail voltage 
progressively drops. The amplifier operates with less headroom on each successive note. The 
compression becomes audible not as a single softened transient, but as a progressive loss of energy and 
authority across a phrase. 

This is one of the most common symptoms of an undersized power supply in a bass amplifier. The 
amplifier sounds fine at low volumes and on isolated notes. Under sustained, dense bass playing at high 
volumes, it loses authority. The bass becomes increasingly compressed and undefined as the set 
continues. This is not the amplifier failing. It is the engine running out of breath. 

6.4  Transient Current Delivery — Speed Matters as Much as Magnitude 

The most demanding moment for any power supply in a bass amplifier is not sustained high-level 
operation. It is the onset of a sharp transient — the attack of a hard-plucked note, a slapped bass attack, 
a fast pick stroke in a dense arrangement. At this moment, the current demand goes from near-zero to 
its maximum value in a very short time. 

How quickly the power supply can respond to this step change in demand determines how well the 
transient is reproduced. This is not simply a matter of how much current the supply can ultimately 
deliver — it is a matter of how fast it can deliver it. A supply with large capacitance but high internal 
inductance (typically from long PCB traces or poorly positioned components) may have the energy 
available but take too long to get it to the output stage. The transient has already passed by the time full 
current is available. 

The capacitor current equation from Section 6.4 of the source material captures this: 

 

I = C × (dV/dt) 

I  —  current delivered by the capacitor, in Amperes 

C  —  capacitance, in Farads — the energy storage 

dV/dt  —  rate of voltage change across the capacitor — determines how fast current is available 
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This equation reveals an important subtlety. For a given capacitance, the current available is 
proportional to the rate of voltage change. A capacitor that is fully charged delivers maximum current 
instantly — but as it discharges, its voltage drops, and the current it can deliver decreases. The supply 
must recharge it fast enough to maintain adequate current availability on the next transient. 

In a well-designed supply, the reservoir capacitors are positioned physically close to the output stage, 
minimising parasitic inductance in the current path. The transformer secondary is specified generously, 
so that the recharge current is limited by the capacitor ESR rather than the transformer impedance. The 
rectifier diodes are fast enough to allow rapid recharging. All of these details matter, and none of them 
appear on a specification sheet that only lists total output power in watts. 

 

Why two 500W amplifiers can feel completely different 

Amplifier A: 500W rated, 30,000µF reservoir capacitance, large toroidal transformer, short current 
paths. 

Amplifier B: 500W rated, 8,000µF reservoir capacitance, smaller transformer, longer internal wiring. 

 

On a sine wave test into a resistive load: both measure 500W. Same power. Same distortion. Same 
frequency response. 

On a fast, hard-plucked bass run at high volume: Amplifier A has the energy and speed to reproduce 
every transient accurately. Amplifier B runs out of stored energy between notes and compresses 
progressively. 

 

The watt rating says nothing about this. The power supply design says everything. 

 

6.5  Supply Impedance Across Frequency — Not All Frequencies Are Equal 

The effective impedance of a power supply is not constant across frequency. It varies significantly, and 
this variation determines which types of signal the supply handles well and which it struggles with. 

Low frequencies — capacitor dominance 
At low audio frequencies, the large reservoir capacitors dominate the supply impedance. A capacitor's 
impedance is inversely proportional to frequency: Z_cap = 1 / (2πfC). At 40 Hz — the fundamental 
frequency of an open low E bass string — a 10,000 µF capacitor presents an impedance of 
approximately 0.4 milliohms. This is very low, meaning the capacitor can supply the required current 
with minimal voltage drop. Low-frequency sustained signals are handled well by a supply with large 
capacitance. 

Mid-range transient frequencies — transformer and rectifier limits 
At the frequencies corresponding to the onsets and offsets of bass transients — not the fundamental 
frequency of the note, but the rise time of the attack waveform, which may be in the hundreds of Hz to 
low kHz range — the transformer's impedance and the rectifier's response time become limiting factors. 
The capacitors discharge rapidly into the transient, and the transformer must supply recharging current 
fast enough to replenish them before the next peak. If the transformer secondary resistance is too high 
or its inductance too large, this recharge is slow and cumulative sag develops. 
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High frequencies — parasitic inductance becomes dominant 

At frequencies above the audio range — including the switching frequencies of Class D amplifiers and 
their harmonic content — parasitic inductance in the power supply wiring and PCB layout becomes the 
dominant impedance. Even very short traces have inductance, and at high frequencies, this inductance 
presents significant impedance: Z_ind = 2πfL. A supply that looks low-impedance at 100 Hz may present 
substantial impedance at 500 kHz, exactly where a Class D switching stage needs clean rail supply. This is 
why PCB layout, decoupling capacitor placement, and trace inductance minimisation are critical in Class 
D supply design. 

 

The three frequency regions of power supply behaviour 

Below ~1 kHz: Dominated by reservoir capacitor impedance. Large capacitance = low impedance = good 
bass energy delivery. 

1 kHz – 100 kHz: Dominated by transformer response, rectifier speed, and capacitor ESR. Recharge 
speed determines transient recovery. 

Above 100 kHz: Dominated by parasitic inductance in layout and wiring. Critical for Class D supply 
decoupling. Cannot be corrected after the board is designed. 

 

A well-specified bass amplifier supply must perform in all three regions. Most supply specifications 
capture only the first. 

 

6.6  Back EMF Propagation into the Supply — The Return Path 

Section 5 established that back-EMF energy propagates from the loudspeaker through the amplifier 
output stage and into the power supply rails. This section examines what happens at that point and why 
supply design for back-EMF absorption is as important as supply design for current delivery. 

When back-EMF current flows back from the loudspeaker into the output stage, it charges the supply 
rail capacitors. If the supply voltage was at its nominal level, this charging raises the rail voltage 
momentarily above nominal. This is rail bounce. The magnitude of the rail bounce depends on the ratio 
of the returned energy to the supply capacitance: 

 

ΔV_rail ≈ (I_bemf × t) / C_reservoir 

ΔV_rail  —  rail voltage increase due to returned back-EMF energy 

I_bemf  —  back-EMF current flowing back into the supply 

t  —  duration of the back-EMF event 

C_reservoir  —  total reservoir capacitance on the supply rail 

 

This equation shows that larger reservoir capacitance reduces rail bounce for a given amount of 
returned energy. This is one of the frequently overlooked reasons why large supply capacitors matter in 
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bass amplifier design — not just for energy storage during current peaks, but for absorbing returned 
energy without rail instability. 

Rail bounce has direct consequences for the amplifier. The supply rails feed every part of the amplifier 
circuit — output stage, driver stage, preamp, feedback network. If the rail voltage spikes due to rail 
bounce, this spike is injected into all of these circuits simultaneously. The result is a modulation of the 
supply at the rate of the back-EMF events — which in bass amplification means at the fundamental 
frequency and its harmonics. This supply modulation appears as distortion in the output signal on the 
next cycle. 

In a Class D amplifier, this problem is compounded. The switching output stage is highly sensitive to 
supply rail variation. A supply spike at the moment of a switching transition can cause shoot-through — 
both output switches conducting simultaneously — which is potentially damaging and certainly audible. 
Class D supplies therefore require not only adequate capacitance for energy absorption, but fast-acting 
clamp circuits and careful layout to prevent rail spikes from reaching the switching drivers. 

 

6.7  Linear vs Switched-Mode Power Supplies — Trade-offs for Bass 

Two fundamentally different supply topologies are used in bass amplifiers: the traditional linear supply 
based on a mains transformer, rectifier diodes, and reservoir capacitors; and the switched-mode power 
supply (SMPS) that converts mains power through a high-frequency switching stage to produce 
regulated DC rails. Each has genuine advantages and genuine limitations for bass amplification 
specifically. 

 

Linear power supply (transformer + rectifier + 
reservoir) 

 Switched-mode power supply (SMPS) 

• Large reservoir capacitors — excellent energy 
storage 

 • Switching topology — inherently high efficiency 

• Low output impedance at audio frequencies  • Smaller and lighter for equivalent power rating 

• Excellent bidirectional energy handling — caps 
absorb rail bounce 

 • Supply impedance rises at switching frequency 
— needs careful filtering 

• Transformer sets current limit — generous VA 
rating needed 

 • Switching noise requires careful layout and 
filtering 

• Heavier and larger than SMPS equivalent  • Bidirectional energy handling requires specific 
circuit design 

• Very low switching noise — quiet supply rails  • Recovery speed can be excellent with good 
design 

• Proven long-term reliability — simple, robust 
components 

 • Component stress higher — switching devices 
work hard 

 

For bass amplification, the linear supply's primary advantages are its inherent energy storage (large 
reservoir capacitors), its naturally low output impedance at audio frequencies, and its excellent 
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bidirectional energy handling. When back-EMF current flows back into the supply, the reservoir 
capacitors absorb it cleanly. Rail bounce is minimised by the large capacitance. These are valuable 
properties that the SMPS must specifically engineer to replicate. 

The SMPS's primary advantage for bass amplification is weight and size — critical for touring musicians. 
A linear supply capable of delivering 500W peak current for bass applications may weigh 5 to 10 kg from 
the transformer alone. An equivalent SMPS may weigh under 1 kg. For a gigging bassist, this is not a 
trivial consideration. 

The key engineering challenge for SMPS in bass applications is ensuring that the switching frequency 
and its harmonics do not appear on the output rails and that the supply can handle bidirectional energy 
flow from back EMF. Both are solvable problems with careful design. Both are also problems that can be 
handled poorly, producing supplies that are light and efficient but inadequate for the dynamic demands 
of bass playing. 

 

The topology of the power supply is less important than the quality of its execution. A well-
designed SMPS can match the performance of a well-designed linear supply for bass. A 
poorly designed version of either topology will underperform. 

 

6.8  The Power Rating Misconception — What Watts Do Not Tell You 

Power ratings are the most commonly used metric for comparing amplifiers. They are printed 
prominently on front panels, marketing materials, and specification sheets. And they are, for practical 
purposes, among the least useful pieces of information available for evaluating a bass amplifier's real-
world performance. 

A power rating tells you the maximum continuous output power the amplifier can deliver into a 
specified resistive load at a specified frequency under steady-state conditions. This is a useful 
engineering measurement. It is not a measurement of what the amplifier does when a bassist plays a 
hard, fast, complex bass line into a real reactive cabinet at a live show. 

The load is resistive in the measurement — not reactive. A real speaker presents a reactive, varying 
impedance, not a constant resistance. 

The measurement is steady-state — a sustained sine wave. A real bass signal is transient-rich, constantly 
changing, with peaks that exceed the RMS level by 10 to 20 dB. 

The frequency is typically 1 kHz — not in the critical bass range where supply demands are greatest. 

The measurement does not capture transient current capability, recovery speed, or supply impedance 
behaviour. 

Two amplifiers with identical power ratings can have very different reservoir capacitances, transformer 
VA ratings, and transient current capabilities — all of which determine real-world bass performance. 

 

A more meaningful specification for bass amplifiers would include: peak transient current capability, 
supply rail capacitance, transformer VA rating, supply impedance at 40 Hz, and recovery time from a 
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defined transient demand. None of these are typically published. None of them are measured in 
standard power rating tests. 

This is not a trivial gap. It explains why two amplifiers with identical power ratings can sound profoundly 
different when played hard — and why musicians who have played through many amplifiers develop an 
intuitive sense for supply quality long before they have the engineering framework to describe what 
they are hearing. 

6.9  What a Strong Power Supply Sounds Like — Engineering Translated 

The consequences of power supply quality are directly audible to any experienced musician. They do not 
require measurement equipment to perceive. They are among the most immediately apparent aspects 
of bass amplifier character when an instrument is played at real-world dynamics. 

 

A strong power supply — what you hear 

Every note starts with the same authority regardless of how hard or fast you play. The attack is 
immediate and consistent. 

Fast bass lines retain individual note definition. The amplifier keeps up. Notes do not blur into each 
other. 

High-volume playing does not compress the low end. The bass stays full and present even at the loudest 
passages. 

The amplifier sounds the same at the end of a long, demanding set as it did at the start. It does not run 
out of breath. 

Slap technique — which creates the most extreme transient current demands of any bass playing style 
— reproduces cleanly without the attack softening or the thumb and pop sounds blurring. 

 

A weak power supply — what you hear 

Notes played hard have less attack than notes played softly. The amplifier compresses dynamically even 
before any limiter engages. 

Fast passages blur. Individual notes lose separation under dense, demanding playing. 

Sustained bass notes lose body and presence. The note starts well but deflates mid-sustain. 

The amplifier sounds progressively more compressed and less controlled as a demanding set continues. 

Slap technique loses the crack of the thumb and the snap of the pop — they are present but rounded 
off. 

 

These descriptions are not tonal preferences. They are the audible consequences of the engineering 
realities examined throughout this section. Every one of them has a direct physical cause rooted in 
power supply behavior — voltage sag, transient current limitation, inadequate recovery speed, or 
insufficient back-EMF absorption. 
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6.10  Power Supply Design at PJB — The Engineering Approach 

At Phil Jones Bass, the power supply is designed from the requirements of the loudspeaker system 
outward — not from the mains inward. This distinction matters. Starting from the loudspeaker means 
beginning with the question: what current does this driver system demand at transient onset, at 
sustained bass frequencies, and during back-EMF return events? The power supply specification is then 
derived to meet these demands with margin. 

The specific demands of PJB's distributed driver architecture — multiple small drivers with high Bl/Mms 
ratio, low moving mass, fast transient response — place particular requirements on the supply. Precisely 
because the drivers respond so quickly to current, the supply must be able to deliver that current 
without delay. A driver with low moving mass and high motor efficiency will accelerate rapidly when 
current arrives — but if the current arrives late due to supply hesitation, the advantage of the fast driver 
is wasted. 

PJB amplifiers are also designed for long-term reliability. This means that the power supply is rated with 
adequate margin so that it operates well within its limits during normal use, reducing thermal stress and 
component aging. A supply that is run at or near its limits for every performance will degrade faster than 
one that has meaningful headroom. This is not a conservative choice — it is an engineering decision that 
directly affects how long the amplifier performs at its best. 

6.11  Summary 

Section 6 has established the following: 

The power supply is not background infrastructure. It is the engine of the system. Its performance sets 
the ceiling for everything the amplifier can achieve. 

Voltage sag (V_sag = I_demand × Z_supply) reduces output voltage under transient load. This is the 
primary cause of softened attacks and compressed dynamics in bass amplification. 

Transient current delivery is as important as steady-state current capability. Speed of delivery — 
determined by capacitor sizing, ESR, transformer impedance, and layout — determines how well the 
supply tracks sudden current demands. 

Supply impedance varies with frequency. Reservoir capacitors dominate at low frequencies. Transformer 
response dominates mid-range transient recovery. Parasitic inductance dominates at high frequencies. 
All three regions must be designed well. 

Back-EMF energy propagates into the supply rails and raises rail voltage momentarily (rail bounce). 
Large reservoir capacitance absorbs this without instability. Inadequate capacitance causes rail bounce, 
supply modulation, and distortion. 

Linear supplies have natural advantages in energy storage and back-EMF absorption. SMPS supplies 
have advantages in size and weight. Both can be designed to perform well for bass; both can be 
designed poorly. 

Power ratings measured into resistive steady-state loads do not capture transient current capability, 
supply recovery speed, or reactive load behaviour. They are incomplete as a performance measure for 
bass amplification. 

The consequences of supply quality are directly audible: consistent attack, definition at speed, sustained 
authority, and behaviour under slap technique all reflect supply capability in direct engineering terms. 
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Understanding amplifier performance requires understanding the power supply. Ignoring it 
leads to incomplete and often misleading conclusions. In system-level design for bass, the 
power supply is not secondary. It is fundamental. 

 

 
 
SECTION 7 

Amplifier Classes: A Real-World Comparison 

 

The debate between amplifier classes is one of the most persistent and least productive arguments in 
audio. Class A is mystical. Class A-B is the sensible workhorse. Class D is the efficient newcomer that 
some cannot bring themselves to trust. These characterisations have attached themselves to each class 
like barnacles, obscuring what the engineering actually shows. 

Section 6 established that the power supply is the engine of the system — the dominant factor in real-
world performance. This section applies that understanding to the class comparison. Once the system-
level view is in place, the class debate looks very different from how it is usually framed. 

 

7.1  What Amplifier Class Actually Means 

 

Figure 7.1 — Class A-B continuous sine output vs Class D PWM pulse train. The output filter reconstructs the audio from 
the pulse widths. 
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Amplifier class defines one thing: the fraction of the input signal cycle during which the output devices 
are conducting. Nothing more. It does not define sound quality, reliability, transient performance, or 
suitability for a given application. Those properties are determined by the quality of the complete 
system — output stage, power supply, feedback topology, thermal management, and loudspeaker 
interaction. 

Class A: output devices conduct for the full 360 degrees of every input cycle. Highest linearity, highest 
idle dissipation, lowest efficiency. 

Class B: output devices conduct for exactly 180 degrees each — one for positive half-cycles, one for 
negative. Efficient but prone to crossover distortion at the zero-crossing point. 

Class A-B: output devices conduct for slightly more than 180 degrees each — there is overlap at the 
crossover point. This overlap eliminates crossover distortion while maintaining most of Class B's 
efficiency advantage. This is the dominant topology in linear bass amplifiers. 

Class D: output devices switch fully on or fully off — 0 degrees of linear conduction. The fraction of time 
spent on encodes the signal amplitude through pulse-width modulation. Highest efficiency, highest 
complexity, and the most demanding requirements for output filtering and power supply design. 

 

Amplifier class is a description of how the output devices operate. It is not a description of 
how the amplifier sounds, how it handles reactive loads, or how well it manages back EMF. 
Those properties are determined by the complete system. 

 

7.2  Class A-B — Continuous Control in Detail 

Class A-B is the topology that most bass amplifiers used for the first four decades of electric bass 
amplification, and it remains the reference against which Class D designs are compared. Understanding 
it in detail is essential before comparing. 

How it works 

In a Class A-B output stage, two complementary transistors (or pairs of transistors) share the output. 
One handles positive excursions of the waveform, one handles negative excursions. Both conduct 
simultaneously in a small region around the zero-crossing point — the A-B overlap region — which 
eliminates the crossover distortion that made pure Class B problematic. Away from the crossover region, 
one device conducts and the other is off. 

The output voltage follows the input directly. There is no modulation, no switching, no output filter. The 
amplifier is essentially a high-current voltage follower with gain, connected directly to the loudspeaker. 
This directness is one of Class A-B's primary strengths for reactive load driving. 

Advantages for bass amplification 

No switching artifacts. The output is a continuous, smooth representation of the input waveform. There 
are no switching harmonics to filter, no output filter to interact with the loudspeaker impedance. 
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Natural bidirectional current flow. Continuous conduction means the output devices can conduct 
current in both directions — sourcing when the loudspeaker demands energy, sinking when it returns 
energy. Back EMF management is inherent, not engineered separately. 

Robust reactive load stability. The feedback network and output stage topology have been refined over 
many decades to handle reactive loads reliably. Well-understood failure modes. Straightforward to 
optimize. 

Predictable output impedance behavior. The output impedance of a well-designed Class A-B stage is low 
and relatively constant across the audio band, providing consistent damping. 

Limitations 

Continuous idle dissipation. The quiescent bias current flows constantly. An amplifier rated at 300W 
may dissipate 30 to 60W just sitting idle. This is wasted as heat — requiring heatsinks, adding weight, 
reducing reliability margin. 

Efficiency ceiling. Maximum theoretical efficiency for Class B is 78.5%. Class A-B achieves somewhat less 
in practice — typically 50 to 70% at rated power, less at moderate power levels. The remainder is heat. 

Size and weight. The heatsinks, transformer, and reservoir capacitors required for a high-power Class A-
B amplifier add significant bulk. A 500W Class A-B bass amplifier head may weigh 10 to 15 kg. 

Slew rate. The rate at which the output can change voltage is finite: SR = dV/dt. This sets an upper limit 
on the frequency of large-signal waveforms the amplifier can reproduce without distortion. For bass 
amplification this is rarely a practical limitation, but it exists. 

7.3  Class D — Switching Amplification in Detail 

 

Figure 7.2 — Class D efficiency vs switching frequency. Silicon MOSFET and GaN curves. The Class A-B efficiency band 
marks where the advantage disappears. 
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Class D amplification is fundamentally different from Class A-B, not in its goal — delivering current into a 
loudspeaker while maintaining voltage — but in its method. Where Class A-B uses continuously varying 
devices, Class D uses switching. Understanding this difference precisely is essential to understanding 
both its advantages and its limitations. 

Pulse-width modulation — the core principle 

In a Class D amplifier, the audio signal is first converted into a pulse-width modulated (PWM) signal. This 
is a sequence of pulses at a high carrier frequency — typically 250 kHz to 500 kHz in a well-designed bass 
amplifier. The width of each pulse encodes the instantaneous amplitude of the audio signal. 

 

Narrow pulse 

(quiet signal) 

Mid pulse 

(moderate signal) 

Wide pulse 

(loud signal) 

===== ========== ================ 

Switch ON for short fraction of each 
cycle. Average output voltage low. 
Represents quiet audio. 

Switch ON for half of each cycle. 
Average output voltage at 
midpoint. Moderate audio level. 

Switch ON for most of each cycle. 
Average output voltage high. Loud 
audio represented. 

 

These pulses drive the output transistors — typically MOSFETs — switching them fully on or fully off. 
Because the device is either fully on (low voltage drop, near-zero power loss) or fully off (no current 
flow, zero power loss), in theory there is no power dissipation in the switches. Real devices are not ideal, 
and the transitions between states are where the losses occur — but the principle accounts for the high 
efficiency of Class D. 

The output of the switching stage is then passed through a low-pass LC output filter — typically an 
inductor and capacitor — which reconstructs the audio waveform by integrating the pulse train. The 
filtered output, smoothed into a continuous waveform, is what reaches the loudspeaker. 

The ideal switch — why efficiency is high 

The reason Class D achieves high efficiency is straightforward once the switching principle is understood. 
In a Class A-B stage, the output device operates in its linear region — between fully off and fully on. In 
this region, both voltage across the device and current through it are simultaneously present. Power is 
dissipated: P = V × I. The larger the signal swing, the more power is dissipated. 

In a Class D stage, the device is either fully off (V across it = supply voltage, I through it = zero, P = 0) or 
fully on (V across it ≈ 0, I through it = load current, P = near zero). In both states, power dissipation 
approaches zero. The only dissipation occurs during the transitions between states — when both V and I 
are non-zero simultaneously. These transitions are brief and can be engineered to be fast, minimising 
loss. 
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P_loss = f × (E_on + E_off + E_rr) + (0.5 × C × V² × f) 

f  —  switching frequency — losses scale linearly with this 

E_on  —  energy dissipated during turn-on transition 

E_off  —  energy dissipated during turn-off transition 

E_rr  —  reverse recovery energy from output switch body diodes 

C  —  parasitic capacitance of the switching node 

V  —  supply voltage — capacitive loss scales with V squared 

 

This equation reveals one of the most important truths about Class D efficiency: it is not free, and it 
degrades with frequency. Every loss term scales with switching frequency. Raising the switching 
frequency to improve audio bandwidth or reduce output filter requirements directly increases losses 
and heat. There is a practical ceiling beyond which the efficiency advantage of Class D over Class A-B 
begins to erode. 

The four-way trade-off 

Designing a Class D amplifier for bass amplification requires balancing four competing factors 
simultaneously. None can be optimised in isolation. Every design choice affects all four. 

 

1.  Switching frequency 

Higher = better audio 
resolution and smaller 
output filter. But higher 
switching losses, more 
heat, and more EMI. 
Cannot simply increase 
without limit. 

2.  Switching losses 

Overlap loss, capacitive 
loss, inductive loss, 
reverse recovery — all 
increase with frequency. 
Some are constant 
regardless of speed. They 
do not go away. 

3.  EMI — radiated 
noise 

Fast switching edges spray 
electromagnetic 
interference. Affects 
adjacent circuits, cables, 
and pickups. Requires 
shielding and layout 
discipline. 

4.  Reactive load 
stability 

The output filter interacts 
with the loudspeaker 
impedance curve. Stability 
must be maintained 
across the full range of 
impedance variation in 
real cabinets. 

 

This four-way tension is the engineering reality of Class D design. It is why a well-designed Class D bass 
amplifier is not simply an efficient version of a Class A-B amplifier. It requires a different and in many 
respects more demanding set of engineering decisions. 

7.4  The Output Filter — Where Class D Meets the Loudspeaker 

The output filter is one of the most critical and most underappreciated elements of a Class D amplifier. It 
is the interface between the switching stage and the loudspeaker, and its design directly determines 
how well the amplifier handles the reactive, frequency-dependent load that a bass cabinet presents. 

In Class D, the amplifier is not directly connected to the loudspeaker. The output filter sits 
between them. It is part of the amplifier-speaker interface — and it is load-dependent. The 
loudspeaker's impedance curve changes the filter's behaviour. A Class D amplifier measured 
into a resistor does not behave the same way into a real cabinet. 
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A typical second-order LC output filter has a cutoff frequency chosen to pass the audio band while 
attenuating the switching carrier and its harmonics. For a switching frequency of 300 kHz, the filter 
cutoff might be set at 30 to 50 kHz. Below cutoff, the filter presents low impedance to the loudspeaker 
— the audio signal passes through cleanly. Above cutoff, the filter attenuates strongly — the switching 
harmonics do not reach the loudspeaker. 

The problem is that this idealized behavior assumes a constant, resistive load on the filter output. A 
loudspeaker is neither. Its impedance varies with frequency, and at some frequencies it is highly 
reactive. This load variation changes the filter's behavior — its cutoff frequency shifts, its damping 
changes, and its frequency response shape changes. The frequency response of a Class D amplifier is 
therefore not independent of the loudspeaker cabinet it is connected to. It varies with the load. 

For a well-designed Class D bass amplifier, this load dependence is engineered to be minimal across the 
range of impedances the amplifier will encounter in practice. This requires careful filter component 
selection, feedback topology that compensates for load variation, and testing with real loudspeaker 
loads — not just resistors. It is not trivial, and it is one of the reasons why Class D amplifiers that 
measure well into resistors can behave unexpectedly into real bass cabinets. 

 

The output filter interaction — what it means for bass 

A Class D output filter is designed for a nominal load impedance. Real bass cabinets vary significantly 
from this nominal value. 

At impedance peaks (resonance), the filter sees a high-impedance load. The filter's corner frequency 
effectively shifts upward. Low-frequency response may change. 

At impedance dips (below nominal), the filter sees a low-impedance load. The filter is more heavily 
loaded. Damping increases, potentially altering transient response. 

The severity of this load dependence determines how consistently the amplifier sounds across different 
cabinets. 

A well-designed Class D amplifier addresses this through appropriate feedback topology and filter 
component selection. A poorly designed one does not. 

 

7.5  Implementation Quality — Why It Matters More Than Class 

Having examined both topologies in detail, the conclusion of Section 6 can now be applied directly: 
performance is determined by implementation quality, not by class. This is not a diplomatic 
compromise. It is an engineering fact with specific, traceable causes. 
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Implementation factor In Class A-B In Class D 

Power supply quality Adequate supply = excellent 
performance. Supply demands are well-
understood and straightforward to 
design. 

Demanding. Low-impedance supply at 
switching frequency harmonics 
required. SMPS interaction critical. 

Output stage capability Continuous conduction — output 
devices must handle full thermal load 
continuously. 

Switching devices — thermal load 
concentrated in switching transitions. 
Layout and gate drive critical. 

Reactive energy management Natural. Continuous conduction handles 
reactive energy bidirectionally without 
special provisions. 

Requires specific design. Body diode 
characteristics and output filter design 
are critical. 

Stability under dynamic load Robust. Well-understood feedback 
topologies handle reactive loads 
without special management. 

Requires careful filter design. Load-filter 
interaction can cause instability with 
unusual loads. 

EMI compliance Straightforward. No high-frequency 
switching content. Standard filtering 
adequate. 

Challenging. Fast switching edges 
require careful layout, shielding, and 
common-mode filtering. 

Thermal management Heatsinking of output devices required 
continuously. Thermal design simple but 
bulky. 

Minimal heatsinking. Thermal 
management focused on switching 
transitions and layout. 

 

The table above shows that for every factor that determines real-world bass amplifier performance, 
Class A-B has inherent advantages in some areas (reactive load stability, back EMF handling, EMI) and 
Class D has inherent advantages in others (efficiency, size, weight). Neither topology has an inherent 
advantage in the factors that matter most — power supply quality and output stage capability — 
because those are entirely a matter of how well the design is executed. 

A Class D amplifier with a poorly specified power supply will produce compressed, loose bass. A Class A-
B amplifier with an excellent power supply will produce tight, controlled bass. A Class D amplifier with 
an excellent power supply and careful output filter design will match or exceed the Class A-B in bass 
performance — while delivering it in a lighter, more efficient package. This is what well-executed Class D 
bass amplification achieves. 

 

7.6  What Musicians Actually Hear — Topology Translated 

The engineering differences between topologies translate into audible characteristics that musicians can 
recognize and evaluate directly. These are not tonal preferences or marketing descriptions. They are the 
audible consequences of specific engineering choices. 

What a well-implemented Class A-B amplifier sounds like 

A well-designed Class A-B bass amplifier has a characteristic that musicians describe as effortless 
authority. Because the output stage handles reactive energy inherently, and because the output 
impedance is typically very low and stable across frequency, the amplifier maintains consistent control 
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of the loudspeaker throughout the dynamic range. Bass notes feel the same at high volume as they do 
at moderate volume. The attack does not soften as the amplifier is pushed. There is a sense that the 
amplifier has reserves — that it is not working at its limits. 

The limitation is physical: the weight, the heat, the size. A high-powered Class A-B head is a substantial 
object. For studio use or fixed installations, this is rarely a problem. For a touring bassist loading in and 
out of venues every night, it is a real consideration. 

What a well-implemented Class D amplifier sounds like 

A well-designed Class D bass amplifier, fed by a properly specified power supply and with a carefully 
engineered output filter, should be indistinguishable from a well-designed Class A-B amplifier in terms of 
bass control, transient accuracy, and dynamic range. It delivers this in a package that weighs a fraction 
as much and runs cool enough to hold your hand on. 

When Class D bass amplifiers fall short of this description — when they sound thin, or lose control at 
high levels, or produce a harsh or compressed character — the cause is typically in the implementation 
rather than the topology. A poorly specified power supply cannot deliver transient current. A poorly 
designed output filter interacts badly with the cabinet. Inadequate back-EMF management produces 
loose bass. None of these failures are inherent to Class D. All of them are correctable with proper 
engineering. 

 

The question is not which class is better. 
The question is how well the complete system — 
amplifier, power supply, and loudspeaker — 
is designed and integrated. 
Class is a means. System performance is the end. 

 

 

 

7.7  A Note on Class A — The Special Case 

Class A deserves brief separate treatment because its reputation in audio exceeds its practical relevance 
for bass amplification, and because understanding why clarifies what matters in any amplifier class. 

A true Class A amplifier biases its output devices to conduct continuously at a current level sufficient to 
handle the full output swing without any device ever turning off. This means the quiescent current 
equals or exceeds the peak output current. The result is that the output devices never enter crossover 
and the amplifier operates in its most linear regime throughout. Distortion is minimized. Reactive load 
handling is effortless. 

The cost is extreme inefficiency. A 100W Class A amplifier may dissipate 300 to 400W at idle — most of 
which is wasted as heat. For bass amplification, where output power requirements are high and 
sustained operation is demanding, Class A is impractical. The weight, the heat management, and the 
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power consumption all make it unsuitable for the power levels required by professional bass 
amplification. 

The qualities that make Class A attractive — effortless linearity, inherent reactive load handling, 
freedom from crossover — are also present in a well-designed Class A-B amplifier operating with 
appropriate bias and feedback. A well-implemented Class A-B stage at bass power levels achieves 
essentially all the practical benefits of Class A without the thermal penalty. 

 

7.8  Summary 

Section 7 has established the following: 

Amplifier class defines the conduction angle of the output devices. It does not define sound quality, 
transient performance, or suitability for bass amplification. 

Class A-B operates in continuous conduction mode. No switching artifacts. Natural bidirectional current 
handling. Robust reactive load stability. Limited by efficiency, size, and weight. 

Class D operates as a switching system. High efficiency. Compact and light. Requires output filter. Filter 
interacts with loudspeaker impedance. Back EMF management through body diodes adds effective 
output impedance. EMI requires careful management. 

The four-way trade-off in Class D design (switching frequency, switching losses, EMI, reactive load 
stability) means that optimising any one factor degrades the others. Great Class D design is a balancing 
act, not a specification race. 

The output filter of a Class D amplifier interacts with the loudspeaker impedance curve. This interaction 
makes Class D frequency response load-dependent in a way that Class A-B is not. Good design minimises 
this dependence. 

Implementation quality determines performance in both topologies. Power supply capability, output 
stage design, and reactive energy management are the deciding factors — not class. 

A well-designed Class D amplifier with an adequate power supply and careful output filter design 
matches the bass performance of a well-designed Class A-B amplifier, in a lighter, more efficient 
package. 

When Class D bass amplifiers underperform, the cause is typically in the implementation — supply 
specification, filter design, or back-EMF management — not in the topology. 

 

Amplifier class is not the deciding factor. System behaviour is. The amplifier that performs 
best is the one whose complete system — output stage, power supply, filter, and 
loudspeaker interface — is most carefully and completely engineered. 
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SECTION 8 

Class D Switching Losses: The Engineering Detail 

 

Section 7 established that Class D amplifiers operate as switching systems — and that switching losses 
are the primary factor limiting efficiency and constraining the choice of switching frequency. This section 
examines those losses in full engineering detail. Every loss mechanism is explained from its physical root 
cause, its governing equation is laid out and interpreted, and its practical consequences for bass 
amplifier design are made explicit. 

This is technical material. It is also essential material. Without understanding why switching losses exist 
and how they behave, it is not straightforward to evaluate the engineering choices made in any Class D 
bass amplifier — or to understand why some designs perform better than their specifications suggest, 
and why others disappoint. 

 

8.1  The Ideal Switch — Where the Efficiency Claim Comes From 

The fundamental argument for Class D efficiency rests on the behaviour of an ideal switch. An ideal 
switch has two states, and in each state, power dissipation is zero: 

Switch OFF: voltage across the device = supply voltage. Current through the device = zero. Power = V × I 
= 0. 

Switch ON: current through the device = load current. Voltage across the device = zero (no resistance). 
Power = V × I = 0. 

 

Under these conditions, the amplifier converts supply power to output power with 100% efficiency. No 
heat. No loss. No limitation. This is why the theoretical efficiency of Class D is often cited as approaching 
100%. 

Real semiconductor devices are not ideal switches. They depart from this ideal in multiple ways, each of 
which introduces loss. These departures are not manufacturing defects. They are fundamental 
consequences of the physics of semiconductor materials. Understanding each one reveals not only 
where the losses come from, but also what can be done to minimise them — and what cannot be 
eliminated regardless of how well the device is made. 

 

The 90%+ efficiency figures quoted for Class D amplifiers are achievable — but only under 
specific conditions of switching frequency, supply voltage, load current, and device selection. 
They are not guaranteed by the topology. 
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8.2  The Five Loss Mechanisms — A Complete Reference 

 

Figure 8.1 — Five Class D switching loss mechanisms. Overlap, capacitive, inductive, reverse recovery, and gate drive 
losses — all scale with frequency. 

There are five distinct mechanisms by which a real Class D amplifier dissipates power in its switching 
stage. All five are always present to some degree. Their relative magnitudes depend on operating 
conditions, device choice, and circuit design. The following table provides a complete reference for all 
five. 

 

Loss mechanism Root cause Governing equation How it scales How to reduce 
it 

Overlap loss 
(transition loss) 

V and I both non-zero 
during switching 
transition 

P ≈ V × I × t_sw × f Linearly with 
frequency. Linearly 
with current. Linearly 
with supply voltage. 

Faster devices. 
Shorter 
transition time. 
Soft switching 
techniques. 

Capacitive loss 
(node charging) 

Parasitic capacitance 
of switching node 
must charge/discharge 
each cycle 

P = ½ × C × V² × f Linearly with 
frequency. With V 
squared. 
Independent of load 
current. 

Lower supply 
voltage. Smaller 
device 
capacitance. 
Zero-voltage 
switching (ZVS). 

Inductive loss 
(parasitic L) 

Stored energy in 
parasitic circuit 
inductance released at 
each switching event 

E = ½ × L × I² With current 
squared. 
Independent of 
frequency (per 
event). Causes 
voltage spikes. 

Minimise loop 
inductance. PCB 
layout 
discipline. Close 
capacitor 
placement. 
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Reverse recovery 
(body diode) 

Body diode continues 
conducting briefly 
after turn-off, creating 
a shoot-through 
current spike 

E_rr = Q_rr × V Increases with 
current, voltage, and 
switching speed. 
Worst at high dI/dt. 

GaN or SiC 
devices (no 
body diode). 
Slower turn-on 
of opposite 
switch. Dead 
time control. 

Gate drive loss Energy required to 
charge/discharge gate 
capacitance of 
switching device each 
cycle 

P_gate = Q_g × V_gs × f Linearly with 
frequency. With gate 
charge. Directly with 
gate drive voltage. 

Lower gate 
drive voltage. 
Smaller gate 
charge devices. 
Optimised gate 
drive topology. 

 

Each of these mechanisms deserves detailed examination. The sections below go through them one by 
one — explaining the physics, interpreting the governing equation, and connecting each loss to the real-
world performance of a bass amplifier. 

 

8.3  Overlap Loss — The Dominant Loss at Moderate Frequency 

Overlap loss — also called transition loss or crossover loss — is the most intuitive and often the largest 
switching loss in a practical Class D design operating at moderate switching frequencies. It arises 
because a real transistor cannot switch instantaneously. The transition from fully off to fully on takes a 
finite time — typically tens of nanoseconds for a modern MOSFET. During this transition, both voltage 
across the device and current through it are simultaneously non-zero. 

Power is the product of voltage and current: P = V × I. During the transition, this product is non-zero. The 
energy dissipated in each switching event is therefore proportional to the area under the V × I curve 
during the transition. This energy is multiplied by the switching frequency — because the transition 
happens at every switching event — to give the average power loss: 

 

P_overlap ≈ V × I × t_sw × f 

V  —  supply voltage at the switching node, in Volts 

I  —  current through the device during the transition, in Amperes 

t_sw  —  switching transition time, in seconds — device and gate drive dependent 

f  —  switching frequency, in Hz — loss scales linearly with this 

 

Several important observations follow from this equation. First, overlap loss scales linearly with 
switching frequency. Double the frequency, double the overlap loss. This is one of the primary reasons 
why switching frequency cannot simply be increased without limit. 

Second, overlap loss scales with both voltage and current. At high supply voltages and high load currents 
— the exact conditions of a hard-driven bass amplifier — overlap loss is at its maximum. This means 



71 
 

Class D efficiency is worst precisely when the amplifier is working hardest: at high volume, into a low-
impedance load. 

Third, transition time t_sw can be reduced by improving the gate drive — applying more gate current to 
charge the gate capacitance faster. However, reducing t_sw too aggressively increases reverse recovery 
loss and EMI. There is an optimal transition speed that minimises total loss, and finding it requires 
careful measurement, not calculation alone. 

 

For musicians: what overlap loss means in practice 

Overlap loss generates heat in the output transistors at a rate that increases with both frequency and 
output power. 

At low volume, overlap loss is relatively small. At high volume — hard bass playing, loud stages — it is at 
its maximum. 

This means Class D efficiency is not constant. It drops when you push the amplifier hardest. 

A well-designed Class D stage manages this by selecting devices with fast transition times and 
optimising gate drive — minimising t_sw without causing other problems. 

A poorly designed stage runs hot at high levels, throttles to protect itself, and loses the efficiency 
advantage that Class D is supposed to provide. 

 

8.4  Capacitive Loss — The Frequency-Squared Problem 

Every semiconductor device has parasitic capacitance. In a MOSFET output stage, the most significant is 
the output capacitance Coss — the capacitance between drain and source. When the device switches, 
this capacitance must be charged or discharged. The energy required per switching event is: 

 

E_cap = ½ × C × V² 

C  —  parasitic capacitance of the switching node (primarily Coss of the device) 

V  —  supply voltage — capacitive loss scales with V squared 

 

The average power loss from capacitive charging and discharging is this energy multiplied by the 
switching frequency: 

 

P_cap = ½ × C × V² × f 

 

Three aspects of this equation deserve emphasis. First, capacitive loss is independent of load current. 
Even with no load connected — no current flowing into the loudspeaker — the switching node 
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capacitance is still being charged and discharged at every switching event. The amplifier dissipates 
power simply by existing and switching, regardless of whether it is driving anything. 

Second, capacitive loss scales with the square of supply voltage. A design that operates at twice the 
supply voltage has four times the capacitive loss. This is a strong incentive for high-efficiency Class D 
designs to use lower supply voltages where possible — or to use devices with lower capacitance at the 
operating voltage. 

Third, capacitive loss scales linearly with frequency — the same as overlap loss. Both terms in the total 
loss equation increase together as frequency rises. This compounds the frequency-efficiency trade-off. 

The primary mitigation for capacitive loss is zero-voltage switching (ZVS). If the device is turned on when 
the voltage across it is already zero — because the previous switching event has discharged the node — 
then there is no energy to dissipate. The capacitance is not shorted through the device; it is discharged 
by the circuit before the switch conducts. ZVS is a powerful technique, but it depends on specific circuit 
conditions that may not always be met under real-world bass playing conditions with variable load 
impedance. 

 

8.5  Inductive Loss and Parasitic Inductance — The Layout Problem 

Every real circuit has inductance. PCB traces have inductance. Wire bonds in devices have inductance. 
Even the leads of capacitors have inductance. In low-frequency circuits, these inductances are negligible. 
In a switching circuit operating at hundreds of kilohertz, they become significant. 

The energy stored in any inductance is: 

 

E_ind = ½ × L × I² 

L  —  parasitic inductance in the switching current loop, in Henries 

I  —  current through the inductance at the moment of switching 

 

When the switching device turns off, current through the parasitic inductance cannot change 
instantaneously. The inductance forces the current to continue flowing by generating a voltage spike — 
sometimes called a flyback spike or ringing transient. This spike can be many times the supply voltage in 
magnitude if the inductance is large and the current is high. The stored inductive energy must be 
dissipated somewhere — typically in the switching devices themselves, or in snubber circuits added to 
absorb it. 

Parasitic inductance is primarily a PCB layout problem. The switching current loop — the path from the 
supply, through the upper switch, through the load, through the lower switch, and back to the supply — 
must be made as short and compact as possible. Every millimetre of trace length adds inductance. Every 
unnecessary bend adds inductance. Every connector or socket in the current path adds inductance. A 
Class D output stage with poor layout will have much higher inductive losses and much larger voltage 
spikes than the same stage with an optimised layout. 
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This is one reason why Class D amplifier design cannot be separated from PCB layout. The schematic and 
the board are not independent documents. The performance of a Class D stage depends as much on 
how the circuit is laid out physically as on what components are chosen. 

 

Layout as a performance determinant 

In a Class A-B amplifier, PCB layout matters for noise and stability. It is important but rarely determines 
whether the amplifier works at all. 

In a Class D amplifier, PCB layout is a primary performance parameter. Parasitic inductance in the 
switching loop directly determines voltage spike magnitude, switching loss, and EMI. 

The same Class D output stage with two different PCB layouts can exhibit completely different 
efficiency, EMI behaviour, and peak voltage stress on the switching devices. 

This is why experienced Class D designers specify layout rules as carefully as they specify component 
values. The layout is part of the circuit. 

 

8.6  Reverse Recovery Loss — The Body Diode Problem 

In a standard MOSFET, the structure of the device inherently includes a parasitic body diode — a PN 
junction between the drain and source that conducts in the reverse direction (from source to drain) 
when the device is off. This body diode is useful for handling back-EMF current from the loudspeaker, 
but it introduces a significant loss mechanism called reverse recovery. 

When a diode is conducting current in its forward direction and the circuit then reverses the voltage 
across it, the diode does not turn off instantaneously. The minority carriers stored in the semiconductor 
junction take a finite time to recombine and allow the diode to block. During this recovery time — 
typically tens to hundreds of nanoseconds in a standard silicon MOSFET body diode — the diode 
continues to conduct in the reverse direction even though the applied voltage is trying to turn it off. This 
creates a brief current spike — a shoot-through condition where both current and voltage are 
simultaneously present — dissipating energy: 

 

E_rr = Q_rr × V 

Q_rr  —  reverse recovery charge — the total charge that flows during the recovery period 

V  —  supply voltage present across the device during recovery 

 

Reverse recovery loss is particularly troublesome because it worsens as switching speed increases. 
Turning the opposite device on faster — to reduce overlap loss — forces the body diode to recover 
faster, which actually increases Q_rr and the resulting reverse recovery spike. This creates a genuine 
tension in switching timing design: optimizing for one loss mechanism worsens another. 
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Reverse recovery also generates significant EMI. The sharp current spike during recovery contains high-
frequency components that radiate and conduct into surrounding circuits. In a bass amplifier, these 
spikes can appear as noise on the signal path or as interference with digital control circuits. 

The most effective solution to reverse recovery loss is to use switching devices that do not have a 
conventional body diode. Gallium nitride (GaN) devices do not have a standard bipolar body diode — 
they conduct in reverse through a different mechanism that does not exhibit the same reverse recovery 
behaviour. This is one of the primary advantages of GaN devices in high-frequency Class D amplifier 
design, and why GaN-based Class D amplifiers can operate at higher switching frequencies with better 
efficiency than comparable silicon MOSFET designs. 

8.7  Gate Drive Loss — The Overlooked Tax 

Every switching event requires the gate of the MOSFET to be charged and discharged. The gate behaves 
as a capacitor, and charging it to the required gate-source voltage requires a finite charge Q_g. This 
charge must be supplied by the gate drive circuit at every switching event. The power consumed by gate 
drive is: 

 

P_gate = Q_g × V_gs × f 

Q_g  —  total gate charge required to switch the device fully on, in Coulombs 

V_gs  —  gate-source voltage required to fully enhance the device, in Volts 

f  —  switching frequency — gate drive loss scales linearly with this 

 

Gate drive loss scales linearly with frequency and with gate charge. At low switching frequencies it is a 
minor contributor to total loss. At high frequencies — above 500 kHz — it becomes increasingly 
significant, particularly for devices with large gate capacitance. This is another factor that limits the 
practical switching frequency ceiling. 

Gate drive loss also influences switching speed. To switch the device faster, the gate must be charged 
faster, which requires more gate drive current. More gate drive current increases the power consumed 
by the gate drive circuit. Faster switching and lower gate drive loss pull in opposite directions — another 
genuine trade-off with no universal optimum. 

8.8  Total Switching Loss — The Combined Picture 

The total switching loss of a Class D output stage is the sum of all five mechanisms. It is commonly 
expressed in terms of the per-event energies: 
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P_total = f × (E_on + E_off + E_rr) + P_cap + P_gate 

E_on  —  energy dissipated during turn-on event (overlap + capacitive at turn-on) 

E_off  —  energy dissipated during turn-off event (overlap + inductive at turn-off) 

E_rr  —  reverse recovery energy from body diode at turn-on of opposite switch 

P_cap  —  ½ × C × V² × f — capacitive loss at switching node 

P_gate  —  Q_g × V_gs × f — gate drive loss 

 

Every term in this equation scales with frequency. This is the central fact of Class D efficiency: as 
switching frequency rises, every loss mechanism increases. Efficiency does not reach a plateau and hold 
there. It continuously degrades. At some frequency — which depends on device characteristics, supply 
voltage, and load current — the total switching loss equals the conduction loss of a Class A-B amplifier, 
and the efficiency advantage of Class D disappears entirely. 

In practice, for silicon MOSFET-based Class D bass amplifiers, this crossover typically occurs somewhere 
between 500 kHz and 1 MHz, depending on implementation quality. For GaN-based designs, the 
crossover moves significantly higher — GaN devices can operate at 1 MHz and above while maintaining 
meaningful efficiency advantages over Class A-B. 

8.9  Switching Frequency — The Designer's Most Important Decision 

 

Figure 8.2 — Efficiency vs switching frequency. The optimal zone for bass amplification lies at 250–500 kHz for Si 
MOSFET, 500 kHz–1 MHz for GaN. 
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Given all of the above, the selection of switching frequency is the most consequential single decision in 
Class D amplifier design. It determines efficiency, audio quality, output filter size, EMI characteristics, 
and thermal performance — simultaneously. There is no optimal frequency that satisfies all criteria. 
There is only a best trade-off for a specific application. 

 

Low switching frequency 
(e.g. 100–200 kHz) 

Optimal operating point 
(e.g. 250–500 kHz) 

High switching frequency 
(e.g. 1 MHz+) 

Advantages: 

✔ Lower switching losses per cycle 

✔ Less heat generated 

✔ Lower EMI emissions 

✔ Lower gate drive power 

Advantages: 

✔ Balanced efficiency and audio 
quality 

✔ Practical filter size 

✔ Manageable EMI with care 

✔ Used in well-designed bass amps 

Advantages: 

✔ Smallest possible output filter 

✔ Widest audio bandwidth 

✔ Lowest filter-load interaction 

Limitations: 

✘ Larger output filter required 

✘ Filter harder to integrate 

✘ Audio bandwidth limited 

✘ More distortion in upper audio 
band 

Limitations: 

✘ Requires careful device selection 

✘ Layout discipline essential 

✘ No single right answer — 
depends on device and load 

Limitations: 

✘ Highest switching losses 

✘ Most heat generated 

✘ Severe EMI challenges 

✘ Requires GaN or SiC devices 

✘ Efficiency advantage over Class A-
B may disappear 

 

For bass amplification specifically, the operating point considerations are weighted differently from full-
range or high-frequency applications: 

Audio bandwidth requirements are lower than full-range designs — the critical range is 20 Hz to around 
5 kHz for bass guitar fundamentals and harmonics. This relaxes the upper bound on output filter cutoff 
frequency, allowing a lower switching frequency than would be required for a full-range amplifier. 

Current levels are high — bass amplifiers drive demanding loads at high power. Higher current increases 
overlap loss and reverse recovery loss, pushing toward lower frequency where these are reduced. 

The reactive nature of bass cabinets places additional demands on the output filter stability. A lower 
switching frequency with a more relaxed filter is easier to stabilise across a range of bass cabinet 
impedances. 

Efficiency at high power matters — touring bassists play loud for extended periods. An amplifier with 
better efficiency at high sustained output levels runs cooler, needs less thermal management, and 
maintains performance through a long set. 

 

These considerations generally favour a switching frequency in the 250 kHz to 400 kHz range for well-
designed silicon MOSFET-based bass amplifiers, or 500 kHz to 800 kHz for GaN-based designs where the 
lower loss per transition allows higher frequency while maintaining efficiency. 
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8.10  Switching Devices — Silicon, GaN, and SiC 

The choice of switching device has a larger impact on Class D performance than any other component 
selection. Different semiconductor materials offer fundamentally different trade-offs between switching 
speed, on-resistance, parasitic capacitance, body diode behaviour, and voltage rating. The following 
table compares the three main device technologies relevant to bass amplifier design. 

 

Parameter Silicon MOSFET Gallium Nitride (GaN) Silicon Carbide (SiC) 

Technology Silicon MOSFET Gallium Nitride (GaN) Silicon Carbide (SiC) 

On resistance Low at moderate voltage Very low — excellent 
conduction 

Low — good for high voltage 

Switching speed Moderate — limited by 
capacitance 

Extremely fast — enables 
MHz operation 

Fast — between Si and GaN 

Body diode Yes — reverse recovery loss 
significant 

No body diode — no reverse 
recovery loss 

Yes — but faster recovery 
than Si 

Capacitance Higher — increases 
capacitive loss 

Very low — enables high 
frequency with low loss 

Moderate 

Max voltage Up to 200V practical for 
audio 

Up to 650V+ for audio Very high — 1200V+ 
common 

Cost Low — mature technology Higher — premium devices Highest — specialist 
applications 

Best use in bass 
amps 

Cost-effective lower-power 
designs 

High-performance Class D — 
enables high frequency with 
efficiency 

High-voltage, high-power 
designs 

 

For the majority of current bass amplifier designs, silicon MOSFETs remain the dominant choice — 
mature, reliable, and cost-effective. The best silicon devices, with optimised gate drive and layout, 
achieve the efficiency and performance that the application requires. 

GaN devices are increasingly appearing in premium designs. Their primary advantages — no reverse 
recovery loss and extremely low parasitic capacitance — directly address the two loss mechanisms that 
become most significant at higher switching frequencies. A GaN-based Class D bass amplifier can 
operate at higher switching frequency with better efficiency, allowing a smaller output filter with less 
load-impedance interaction. The trade-off is cost and the requirement for careful design — GaN devices 
are less forgiving of layout errors and gate drive misdesign than silicon. 

SiC devices are more commonly found in industrial and power conversion applications where very high 
voltages are required. They are less common in audio amplification but find use in some high-power 
professional designs. 
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8.11  Efficiency vs Output Power — The Real Curve 

One of the most misunderstood aspects of Class D efficiency is how it varies with output power. The 
headline efficiency figure — often 90% or more — typically refers to efficiency at or near maximum 
output power. At lower output levels, efficiency degrades significantly. 

The reason is that several loss components — capacitive loss and gate drive loss — are essentially 
constant regardless of output level. They occur at every switching event, whether the amplifier is 
delivering 1W or 500W. At full power, these fixed losses are small relative to the total power being 
delivered. At low power, the fixed losses remain the same, but the output power is much smaller, so the 
fixed losses represent a larger fraction of the total. 

The consequence is an efficiency curve that peaks near maximum power and falls toward lower output 
levels. At idle — no signal, zero output — a Class D amplifier still dissipates some power from switching 
losses alone, even though it is delivering nothing useful. This idle dissipation is much lower than Class A-
B, but it is not zero as the topology might naively suggest. 

 

100 kHz 

~95% 

200 kHz 

~92% 

400 kHz 

~88% 

600 kHz 

~83% 

1 MHz+ 

~75% or less 

████████████████████ ████████████████ ████████████ ████████ █████ 

Excellent efficiency 
Larger filter needed 

Good efficiency 
Practical filter size 

Moderate efficiency 
Compact filter 

Reduced efficiency 
Small filter 

Low efficiency 
Minimal filter 

May rival Class A-B 
losses 

 

This efficiency vs frequency relationship is shown conceptually above for a representative silicon 
MOSFET design at moderate power. Actual values depend heavily on device selection, supply voltage, 
load current, and layout quality. The trend — declining efficiency with rising frequency — is universal. 

For a bassist playing at typical gigging volumes — perhaps 30 to 50% of rated power most of the time, 
with peaks to higher levels — the actual operating efficiency of a Class D amplifier is lower than the 
published maximum figure. This is still better than Class A-B at these power levels, but the gap is smaller 
than the headline numbers suggest. 

8.12  Load Interaction and Power Supply Stress 

Switching losses in the output stage are not the only efficiency concern in a Class D bass amplifier. The 
pulsed nature of the current drawn by the switching stage places unique demands on the power supply. 

In a Class A-B amplifier, current is drawn from the supply continuously and relatively smoothly. The 
supply sees a current demand that varies with signal amplitude but does not contain high-frequency 
switching content. The supply impedance at audio frequencies is what matters. 

In a Class D amplifier, current is drawn in pulses at the switching frequency. The supply must deliver 
these pulses with minimal voltage variation. This requires low supply impedance not just at audio 
frequencies, but at the switching frequency and its harmonics — which may be in the hundreds of 
kilohertz range. A supply that has low impedance at 100 Hz but rising impedance at 300 kHz will exhibit 
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rail voltage ripple at the switching frequency, which can modulate the PWM signal and appear as 
distortion in the audio output. 

Additionally, the reactive current from back EMF interacts with both the output stage and the power 
supply simultaneously. Back-EMF current flows back through the body diodes of the output switches, 
generating reverse recovery losses in the process, and charges the supply rail capacitors. A supply with 
inadequate capacitance at high frequencies will exhibit rail bounce under this reverse current flow — 
introducing the supply contamination issues discussed in Section 6. 

 

8.13  Soft Switching — Reducing Losses Through Circuit Design 

Several circuit techniques exist to reduce switching losses by ensuring that switching transitions occur 
under favorable conditions — specifically when the voltage or current through the switching device is 
near zero. These are collectively called soft switching techniques, and they represent the primary tool 
available to designers for pushing Class D efficiency toward its theoretical limit. 

Zero voltage switching (ZVS) 

ZVS ensures that the switching device turns on when the voltage across it is already near zero. If the 
drain-source voltage is zero at turn-on, the capacitive energy that would normally be dissipated as loss 
has already been transferred elsewhere by the circuit. ZVS completely eliminates capacitive turn-on loss 
and significantly reduces overlap loss. It relies on the inductor current in the output filter to discharge 
the switching node capacitance during the dead time between switching events. 

ZVS works well under conditions where the inductor current is always in the same direction — which is 
true for Class D amplifiers operating above a certain power level. Below a threshold power level, the 
inductor current may not be sufficient to fully discharge the switching node, and the amplifier reverts to 
hard switching. This is one reason why Class D efficiency at low output levels is worse than the headline 
figure suggests. 

Zero current switching (ZCS) 

ZCS ensures that switching occurs when the current through the device is near zero. This eliminates 
overlap loss associated with current during the transition, and reduces reverse recovery loss. ZCS is 
more difficult to implement in a general audio amplifier because the current through the output devices 
depends on the audio signal and cannot easily be controlled to be near zero at switching events. It finds 
more application in resonant converter topologies than in standard audio Class D designs. 

Practical soft switching in bass amplifier design 

Most well-designed Class D bass amplifiers implement some form of ZVS through careful dead time 
management. The dead time — the brief period when both switches are off — is set to allow the output 
filter inductor current to discharge the switching node before the next device turns on. Too short a dead 
time and ZVS is lost; too long and the body diode conducts for excessive time, increasing conduction 
losses. The optimal dead time varies with load current, which varies with signal content. Adaptive dead 
time control — where the dead time adjusts dynamically with operating conditions — is a feature of the 
highest-performance Class D designs. 
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8.14  What This Means for Bass Amplifier Selection and Design 

All of the engineering examined in this section connects directly to practical decisions, whether you are 
evaluating an amplifier to buy or engineering one to build. 

 

Questions that switching loss analysis answers 

Why does this Class D amp run hot at high volume? Overlap loss and reverse recovery scale with 
current. At high output, the efficiency drops and the switching stage heats up. 

Why does this amp sound thin or compressed when driven hard? If the supply cannot handle the pulsed 
switching current demand, rail voltage drops, and the output stage loses control. 

Why does this amp sound different through different cabinets? The output filter's behaviour depends 
on the load impedance. Reactive bass cabinets interact with the filter differently from resistive test 
loads. 

Why does a GaN-based amp sound tighter at high levels? Fewer reverse recovery spikes means less 
high-frequency noise injected into the circuit. Less capacitive loss means less supply contamination. 

Why don't all manufacturers just go to 1 MHz switching? Because at 1 MHz with silicon devices, the 
switching losses may eliminate the efficiency advantage over Class A-B entirely. The answer is GaN, 
better layout, or accepting a lower frequency. 

 

8.15  Summary 

Section 8 has provided the complete engineering picture of Class D switching losses: 

The ideal switch assumption — which underpins Class D's efficiency claim — is never fully met in real 
devices. Departures from ideality introduce five distinct loss mechanisms. 

Overlap loss (P ≈ V × I × t_sw × f) is usually dominant at moderate frequency. It scales linearly with 
frequency, voltage, and current. Worst when driving hard at high volume. 

Capacitive loss (P = ½ C V² f) is independent of load current. It scales with V squared. Present even with 
no load. Reduced by ZVS. 

Inductive loss (E = ½ L I²) is caused by parasitic circuit inductance. Primarily a layout problem. Generates 
voltage spikes and stress on switching devices. 

Reverse recovery loss (E_rr = Q_rr × V) is caused by body diode minority carrier storage. Worsens with 
faster switching. Eliminated by GaN devices. 

Gate drive loss (P_gate = Q_g × V_gs × f) is a constant tax per switching event. Significant at high 
frequency. 

All five mechanisms increase with switching frequency. Total efficiency degrades continuously as 
frequency rises. There is no plateau. 

Switching frequency selection is the most important design decision in Class D amplifier design. For bass 
amplification, 250–500 kHz is the practical optimum for silicon devices; GaN enables 500 kHz–1 MHz 
with maintained efficiency. 
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GaN devices eliminate reverse recovery loss and reduce capacitive loss, enabling higher frequency 
operation with better efficiency. They are increasingly relevant for premium bass amplifier designs. 

Soft switching (ZVS in particular) reduces capacitive and overlap losses by ensuring transitions occur at 
near-zero voltage. Adaptive dead time control optimises this across varying load conditions. 

Efficiency at low output levels is worse than the headline figure — fixed switching losses become a 
larger fraction of delivered power as output decreases. 

Class D efficiency is not a fixed property. 
It is the result of balancing five competing loss mechanisms 
against the requirements of audio quality, thermal performance, 
and stability into real loudspeaker loads. 
Getting it right is not simple. Getting it wrong is easy. 

SECTION 9 

The Complete System Loop 

Sections 1 through 8 have examined each element of the bass amplification system in detail: the 
amplifier as a voltage source, the loudspeaker as a reactive load, the electromechanics of cone motion, 
the back EMF that returns energy to the amplifier, the power supply as the energy engine, the class 
comparison, and the switching loss mechanisms of Class D. Each of these has been examined with its 
own physics, its own equations, and its own engineering consequences. 
This section draws all of it together. The system loop is the central concept that connects every element 
— the reason why performance cannot be understood by examining any component in isolation, and 
the framework within which every engineering decision in bass amplifier design must ultimately be 
evaluated. 
It is also the section that answers the question musicians actually care about: why does this amplifier 
feel the way it feels? 

9.1  The Loop — One Continuous Physical Process 

 
Figure 9.1 — The complete system loop. Current → Force → Motion → Back EMF → Current. The return path is always 

active. 
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The signal chain in bass amplification is not a one-way path from input to output. It is a closed loop. 
Energy circulates continuously between the electrical and mechanical domains. Every element in the 
system influences every other element. What happens at the loudspeaker affects the amplifier. What 
happens at the power supply affects the loudspeaker. The loop is always closed, always active, and 
always governed by the same physics. 

The loop can be described simply as: 

 

Current  →  Force  →  Motion  →  Back EMF  →  Current 

 

But this simple chain conceals the full complexity of what is happening at each stage. Let us trace it in 
detail. 

Current from the amplifier output stage flows through the voice coil. The magnitude of this current is 
determined by the amplifier's output voltage, the loudspeaker's instantaneous impedance, and any back 
EMF present at that moment. 

Current in the voice coil generates force: F = Bl × I. Force acts on the cone mass, producing acceleration: 
a = F / M. The complete motion is governed by M(d²x/dt²) + R_m(dx/dt) + Kx = Bl × I. 

Motion of the cone within the magnetic field generates back EMF: V_bemf = Bl × v. This voltage opposes 
the applied signal. It reduces the effective drive voltage and produces a braking current proportional to 
cone velocity. 

The back-EMF current flows back through the amplifier output stage. The magnitude of this current is 
determined by V_bemf / (R_e + Z_out). This current is the electromagnetic braking force. It propagates 
further into the power supply, charging the reservoir capacitors. 

The current conditions at the amplifier output — the combination of drive current and back-EMF current 
— determine the next instantaneous force on the cone. The loop continues. 

 

 

Power supply 
Energy reservoir 

Engine of the system 
→ 

Amplifier output 
Current control 

Voltage maintenance 
→ 

Loudspeaker 
Force → Motion 

Mass-spring-damper 
→ 

Back EMF 
V_bemf = Bl × v 

Returned energy 

↰ energy absorbed — controls 
cone — next cycle begins 

 ←←← back EMF current 
flows back through output 

impedance 

 ←← velocity generates 
voltage continuously 

 ⬅ propagates to supply rails 

 

This diagram shows the four primary nodes of the loop and the return path. Every note played by a bass 
guitarist passes through this loop multiple times per cycle. At 41 Hz — the open E string — the loop 
completes 41 times per second. Every completion of the loop involves all four elements simultaneously. 
None of them are passive. None of them are isolated. 
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9.2  Electrical and Mechanical Coupling — Tight and Immediate 

One of the most important things to understand about the system loop is the speed of the coupling 
between electrical and mechanical domains. There is no delay between a change in drive current and a 
change in force on the cone. The relationship F = Bl × I is instantaneous — or more precisely, it operates 
at the speed of electromagnetic propagation, which for the distances involved in a loudspeaker is 
effectively instantaneous on audio timescales. 
Similarly, there is no significant delay between cone motion and back EMF generation. V_bemf = Bl × v is 
also instantaneous. The back EMF appears at the amplifier output terminals the moment the cone 
begins to move. 
This tight coupling means that the amplifier, loudspeaker, and power supply are not operating 
sequentially — they are operating simultaneously. The amplifier is not first delivering current, then the 
cone is moving, then the back EMF is appearing. All of this is happening at the same time, continuously, 
with each element influencing the others in real time. 
The engineering consequence is that the system cannot be optimized by addressing one element and 
ignoring the others. An output stage with excellent transient response connected to a power supply that 
sags under transient demand will not produce excellent transient response at the loudspeaker. A 
loudspeaker with a well-controlled mechanical resonance connected to an amplifier with high output 
impedance will not produce well-controlled bass. The system performs as a whole, or it does not 
perform at all. 

You cannot fix a system problem by improving one component while leaving the others 
unchanged. The weak link always determines the ceiling. Every element must be engineered 
to the same standard. 

9.3  The Time Domain — Where Real Performance Lives 

 

Figure 9.2 — Time-domain anatomy of a bass note. Five phases, each demanding something different from the amplifier 
system. 



84 
 

The majority of amplifier analysis is performed in the frequency domain. Frequency response is 
measured. Distortion at specific frequencies is measured. Impedance as a function of frequency is 
measured. These measurements are valid and informative — but they all assume steady-state 
conditions. They describe how the system behaves when it has been running at a fixed frequency and 
level for long enough to reach equilibrium. 

Music is not steady-state. A bass line consists of notes with attacks, sustains, and decays. The signal 
changes with every note. The amplitude changes constantly. The frequency content changes with every 
note. The system is always transitioning between states. It is never in equilibrium. 

This is why time-domain behaviour — how fast the system responds to changes, how quickly it delivers 
energy at transient onset, how cleanly it manages the transition from delivery to braking — is the 
primary determinant of perceived bass amplifier quality. Frequency domain measurements tell you 
what the system does when it is not being asked to do anything difficult. Time-domain performance tells 
you what it does when it matters. 

Rise time and attack 

The rise time of a bass transient — the time from silence to peak amplitude at the onset of a plucked 
note — is determined by the combination of amplifier slew rate, power supply transient current 
delivery, and loudspeaker cone acceleration. A system that can deliver maximum current instantly, 
without supply sag and without slew rate limiting, will have the fastest possible rise time. Every 
millisecond of delay in any element of the system softens the attack. 

For a slapped bass note, the rise time is particularly important. The thumb strike produces an extremely 
fast transient — the initial contact generates a sharp, percussive spike that contains most of the 
characteristic snap of slap technique. If the amplifier system cannot follow this transient accurately, the 
snap becomes a thump. The technique is present but its character is lost. 

Decay and release 

The decay of a bass note — how quickly the cone stops after the signal ends — is determined primarily 
by the electromagnetic damping provided by the amplifier's output impedance. As established in 
Sections 4 and 5, the braking current I_brake = V_bemf / (R_e + Z_out). Low Z_out allows maximum 
braking current, providing fast, controlled cone arrest. High Z_out limits braking current, allowing the 
cone to coast and ring. 

Decay quality determines the spacing between notes in a fast bass line. If each note decays slowly, it 
overlaps with the next. The bass becomes indistinct — not because the notes are played imprecisely, but 
because the system cannot separate them cleanly. What the musician plays as distinct, articulate notes 
arrives at the audience as a continuous, blurred low-frequency smear. 

Recovery — the space between notes 

Between notes, the power supply must recover — replenishing the reservoir capacitors discharged by 
the previous transient. The rate of this recovery determines whether the next note receives the same 
energy as the previous one. In a well-designed supply, recovery is fast enough that even rapid note 
sequences sound consistent. In a poorly designed supply, each successive note in a fast run receives 
progressively less energy until the supply has caught up, producing a characteristic compression that is 
particularly audible in fast, percussive bass playing. 
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The following table maps these time-domain events to the specific system behaviour at each stage — 
connecting the physics of each section to the complete picture of what happens through a single bass 
note. 

 

Time window Power supply Amplifier output stage Loudspeaker mechanics Back EMF status 

0 – 5 ms 
Attack onset 

Maximum current surge 
demanded. Rails must 
hold. No sag permitted. 

Output stage must 
deliver peak current 
instantly. Output 
impedance determines 
speed. 

Cone at rest. Full 
inertia. F = Bl×I must 
overcome M×a entirely. 

Zero at t=0. Grows 
rapidly as cone 
accelerates. Begins 
opposing drive current. 

5 – 40 ms 
Acceleration 

Sustained current 
delivery required. 
Recharge rate 
determines if sag 
develops. 

Must sustain current 
against growing back 
EMF. Net drive force = 
Bl×I − Bl×v/Z_out. 

Cone accelerates. 
Kinetic energy stored in 
Mms builds rapidly. 
Reactive exchange 
begins. 

Rising with velocity. 
Phase shift between V 
and I increasing. 
Reactive energy 
exchange intensifying. 

40 ms – sustain 
Steady state 

Sustained energy 
delivery. Supply must 
maintain rail voltage 
under continuous load. 

Bidirectional current 
management. Sourcing 
on positive half-cycles, 
sinking on negative. 

Operating at target 
velocity. Mass, spring, 
damper all active. 
Resonance effects 
present. 

Maximum. Continuous 
bidirectional exchange. 
Phase shift affects 
apparent load 
impedance. 

Decay 
Signal reducing 

Back-EMF energy 
propagates to rails. Rail 
bounce risk if 
capacitance inadequate. 

Current reverses. 
Amplifier sinks braking 
current. Output 
impedance determines 
brake strength. 

Decelerating. Kinetic 
energy converting back 
to electrical via back 
EMF. 

Exceeds drive voltage. 
Drives reverse current. 
This IS the braking 
mechanism. 

Release 
Signal ended 

Absorbs remaining 
back-EMF energy. 
Recovery begins for 
next note. 

Pure braking current 
through Z_out. Low 
Z_out = fast cone arrest. 
High Z_out = ringing. 

Coasting to rest against 
suspension and 
electromagnetic 
damping only. 

Decaying proportionally 
to remaining velocity. 
Rate of decay = speed 
of cone arrest. 

 

Reading this table across each row reveals how the four system elements — power supply, amplifier, 
loudspeaker mechanics, and back EMF — must cooperate simultaneously at every stage of a note's life. 
No single element can succeed alone. Each depends on the others. 

9.4  Feedback and Stability — The System Is a Control Loop 

The bass amplification system is not merely a signal path. It is a control loop. The amplifier attempts to 
maintain its output voltage equal to the amplified input signal. The loudspeaker's back EMF opposes this 
attempt. The power supply must support the amplifier's ability to maintain control against the back 
EMF. The amplifier's feedback network corrects for deviations from the target output. 

As with any control loop, stability is not guaranteed. It must be engineered. The conditions for instability 
— where the system begins to oscillate rather than follow the desired signal — are well understood in 
control theory, and they apply directly to the bass amplification system. 
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The Bode stability criterion states that a feedback system is unstable if the total phase shift around the 
loop reaches 180 degrees while the loop gain is still greater than unity (0 dB). In a bass amplifier, phase 
shift accumulates from the output stage, the feedback network, the output filter (in Class D), and the 
loudspeaker impedance. Each contributes phase shift that increases with frequency. If the total phase 
shift reaches 180 degrees before the loop gain has fallen to zero, the system oscillates. 

This is why amplifier stability cannot be evaluated without considering the loudspeaker load. A stability 
analysis performed into a resistive test load may show adequate phase margin. The same amplifier 
connected to a reactive bass cabinet — with its impedance peaks, dips, and phase shifts — may have 
significantly reduced phase margin at specific frequencies. This is one reason why real-world testing with 
actual cabinets is an essential part of amplifier development, not a post-design validation step. 

 

The table below maps the five primary stability threats in a bass amplification system to their root 
causes and audible consequences. 

 

Stability threat Root cause Audible consequence 

Phase shift 
accumulation 

Output filter, feedback network, and 
loudspeaker impedance each contribute 
phase shift. If total phase shift at a critical 
frequency reaches 180° while gain is above 
0 dB, the system oscillates. 

Oscillation at a frequency within or above 
the audio band. Audible as distortion, 
noise, or in severe cases output device 
failure. 

Power supply rail 
instability 

Back-EMF energy charging rails above 
nominal. Rail voltage variation modulates 
the supply to the entire amplifier circuit. 
The feedback network sees a supply that is 
varying with the signal. 

Supply-related distortion. Output voltage 
contains components at the rail 
modulation frequency. Worsens 
progressively as dynamic load increases. 

Class D filter-load 
resonance 

Output LC filter has its own resonant 
frequency. If this coincides with the 
loudspeaker's resonant frequency and the 
load impedance at resonance, the filter-
load system can exhibit a combined 
resonance peak outside the control loop's 
gain range. 

Frequency response anomaly at a specific 
frequency. May be audible as a boom or 
honk at the cabinet's resonant frequency. 
Varies with cabinet. 

Thermal parameter drift Output device characteristics change with 
temperature. Bias current, 
transconductance, and output impedance 
all shift as devices heat up. In Class A-B, 
this affects crossover distortion. In Class D, 
it affects switching timing and dead time. 

Progressive change in character as the 
amplifier warms up. Sound quality may 
differ between cold start and steady-state 
thermal condition. 

Ground loop and 
common impedance 

Multiple current paths sharing common 
ground return. High switching currents in 
Class D share ground traces with sensitive 
low-level signal circuits. In Class A-B, high-
current heatsink return paths couple into 
signal ground. 

Hum, buzz, or switching noise on the 
signal. Often layout-dependent. Varies 
between apparently identical units if 
layout tolerances differ. 
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Each of these stability threats is manageable with appropriate engineering. None of them is inherent to 
any particular amplifier class or topology. All of them become worse when the system is treated as a 
collection of independent components rather than as a unified design problem. 

 

9.5  The Myth of Static Performance — Why Bench Tests Are Insufficient 

The inadequacy of static, resistive-load bench measurements has been noted in multiple sections of this 
document. Section 9 is the appropriate place to state the argument in its strongest form, because the 
system loop perspective makes the reason inescapable. 

A bench test measures one state of the system: steady-state operation at a fixed frequency, into a fixed 
resistive load, at a fixed output level. The system has been running long enough to reach thermal 
equilibrium. The load presents no reactive energy. No back EMF is present. The power supply is in its 
steady-state delivery mode. The feedback loop has settled. 

This state does not exist during musical performance. During performance, the frequency changes with 
every note. The output level changes with every phrase. The loudspeaker presents a varying, reactive, 
frequency-dependent impedance. Back EMF is continuous. The power supply is in a state of constant 
transient demand and recovery. The feedback loop is always chasing a moving target. 

Two amplifiers that produce identical measurements on a bench can sound completely different during 
performance — because what determines performance is the time-domain, dynamic, system-level 
behaviour that bench tests do not capture. This is not a criticism of bench testing. Bench tests have their 
purpose: they establish that the basic design is working and allow consistent comparison. But they are 
an incomplete picture, and treating them as complete leads to incorrect conclusions about real-world 
performance. 

What bench tests capture and what they miss 

CAPTURED: Maximum output power, steady-state THD, frequency response into resistive load, noise 
floor, channel separation, basic stability. 

 

MISSED: Transient current delivery speed, power supply recovery rate, back-EMF management quality, 
behaviour under reactive loading, dynamic compression, stability with real bass cabinets, time-domain 
transient accuracy, performance consistency across a sustained high-output set. 

 

The things that bench tests miss are the things that determine whether a bass amplifier sounds good. 
This is why experienced musicians trust their ears over specification sheets. 

9.6  System-Level Design — What It Actually Means 

System-level design is a phrase used frequently in engineering. In the context of bass amplification, it 
has a specific and demanding meaning: every design decision must be evaluated in terms of its effect on 
the complete loop, not just on the component or sub-system being designed. 
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The following table maps the primary areas of bass amplifier design to the specific system-level 
requirements that determine performance — and the consequences of failing to meet them. 

 

Design area Requirement for system-level performance Consequence of inadequate attention 

Output impedance Must be low and stable across the full bass 
frequency range — not just at the test 
frequency. Measured at 1 kHz tells you little 
about behaviour at 40 Hz where back EMF 
management matters most. 

Low Z_out enables high braking current, 
strong electromagnetic damping, and tight 
cone control. Rising Z_out at bass 
frequencies reduces control where it 
matters most. 

Power supply 
transient response 

Must deliver peak current within the rise 
time of the fastest transient the amplifier is 
expected to reproduce. For a slapped bass 
note, this may be under 1 ms. 

Slow transient response softens attack. The 
note plays but the punch is gone. Each 
successive note in a fast run gets 
progressively less energy until recovery 
catches up. 

Power supply 
bidirectional handling 

Must absorb back-EMF energy without rail 
voltage excursion exceeding 5–10% of 
nominal. Reservoir capacitance must be 
sized to this requirement, not to steady-
state power delivery alone. 

Rail bounce modulates the supply to the 
entire circuit. Distortion appears at the rail 
modulation frequency. Stability margin is 
reduced. 

Feedback topology Feedback must be applied around the 
complete signal path including the output 
filter (in Class D). Output-referred feedback 
sees the actual loudspeaker voltage and 
corrects for output impedance variation, 
filter loading, and power supply variation. 

Input-referred feedback (inside the filter in 
Class D) cannot correct for filter-load 
interaction. Output voltage may vary 
significantly with load despite good THD 
into resistive test loads. 

Thermal management Components must operate within rated 
temperature ranges throughout a sustained 
high-output performance. Thermal design 
must account for worst-case operating 
conditions, not average. 

Thermal parameter drift changes amplifier 
character as it warms up. Bias drift in Class 
A-B increases crossover distortion. Dead 
time drift in Class D affects efficiency and 
switching behaviour. 

Grounding and layout Signal ground and power ground must be 
routed separately and joined at a single 
point. Switching current loops (in Class D) 
must not share trace with signal current 
paths. Supply decoupling capacitors must be 
placed at the point of demand, not at the 
supply. 

Shared impedance between power and 
signal grounds injects supply noise into the 
signal path. In Class D, switching noise 
appears directly on the output. Worsens as 
output power increases. 

 

The table reveals something important: most of the consequences of inadequate design are audible. 
They are not measured easily on a bench — but they are heard immediately by anyone who has played 
through well-engineered and poorly-engineered bass amplifiers side by side. The engineer who designs 
the system without understanding the loop will produce an amplifier that measures well and sounds 
wrong. The engineer who designs from the system perspective will produce an amplifier that sounds 
right — and measures well too. 
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9.7  What the System Loop Sounds Like — Translating Physics to Perception 

Everything in this section — and in the eight sections that precede it — connects ultimately to a 
perceptual experience. A musician plugs in and plays. The system either performs or it does not. The 
engineering determines which. 

A well-designed system — one where the loop operates cleanly, all elements are matched in capability, 
and every design decision has been made with the complete system in mind — produces bass 
amplification with specific, recognisable characteristics: 

Attack that is immediate and consistent. The first millisecond of every note arrives with full energy. The 
pick, thumb, or plectrum is heard as it was played. 

Sustain that is full and present. The body of each note has weight and authority. It does not deflate mid-
sustain as the power supply struggles to maintain delivery. 

Decay that is controlled and clean. Notes stop when the musician stops playing them. There is no 
overhang, no bloom, no ringing after the fingers leave the strings. 

Definition at speed. Fast bass lines retain individual note identity. The amplifier keeps up with the 
player. Notes do not blur into each other. 

Consistency at all dynamic levels. The amplifier sounds the same when played softly as when driven 
hard — tighter and louder, but not tonally different in a way that suggests loss of control. 

Stability across cabinets. The amplifier behaves predictably with different speaker cabinets. Its character 
is its own, not determined by whichever cabinet's resonance the amplifier happens to excite. 

Endurance across a set. The amplifier sounds at the end of a two-hour performance the way it sounded 
at the beginning. No progressive compression. No warming degradation. 

 

A poorly designed system — or a system where components of mismatched quality have been 
combined — produces the opposite: soft attack, compressed sustain, bloomy decay, blurred definition 
at speed, tonal change under pressure, cabinet-dependent character, and progressive loss of authority 
as a set continues. 

These are not matters of subjective taste. They are matters of physics. The system loop determines 
them, with complete predictability, from engineering decisions made long before the musician ever 
plugs in. 

 

The question musicians ask is: does it feel right? 
The question engineers must answer is: does the loop work? 
They are the same question. 
Stated in different languages. 

9.8  The Loop at PJB — System-Level Thinking in Practice 

At Phil Jones Bass, the system loop is the starting point for every design decision. This is not a marketing 
position. It is a description of how the engineering process actually works. 
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The choice of distributed driver architecture — multiple small, high-Bl/Mms drivers rather than fewer 
large ones — is a system-level decision. Smaller drivers have lower moving mass, which means faster 
acceleration response to the amplifier's current. They also have smaller peak excursions at a given 
output level, which means the nonlinear effects at large excursion — Bl variation, suspension 
nonlinearity, inductance modulation — are less severe. Less nonlinearity means less distortion in the 
back EMF, which means less distortion in the current loop, which means cleaner sound at the 
loudspeaker. 

The power supply specification for each PJB amplifier is derived from the transient current demands of 
the driver system, not from the steady-state power rating. The reservoir capacitance is sized to handle 
back-EMF return energy without significant rail bounce, not just to maintain ripple below a given level. 
The output impedance is specified and tested at bass frequencies — where it determines braking 
behaviour — not just at the standard 1 kHz test point. 

The result is an amplifier system where the loop runs cleanly: fast attack because the supply and output 
stage deliver current without hesitation; controlled decay because the output impedance provides 
effective electromagnetic braking; definition at speed because the light, fast drivers respond accurately 
to the current waveform the amplifier produces; and consistency across a set because the thermal 
margins and supply capacity are specified generously enough that the system operates within its 
comfort zone even under sustained professional use. 

This is what system-level design means in practice. Not a single exceptional component. A complete 
system, engineered as a whole, to perform as a whole. 

9.9  Summary 

Section 9 has established the complete system loop picture: 

The bass amplification system is a closed loop: Current → Force → Motion → Back EMF → Current. All 
elements operate simultaneously. None are passive. None are isolated. 

Electrical and mechanical coupling is tight and immediate. Changes in current produce changes in force 
and motion with no significant delay. Back EMF appears at the amplifier terminals the moment the cone 
moves. 

Time-domain behaviour — rise time, decay, recovery — is the primary determinant of perceived 
performance. Frequency domain measurements capture steady-state behaviour; they do not capture 
what the system does when the music actually demands it. 

The system is a control loop. Stability must be engineered with the complete load — including a real 
bass cabinet — in the stability analysis. Resistive-load stability analysis is necessary but not sufficient. 

Stability threats include phase shift accumulation, power supply rail instability, Class D filter-load 
resonance, thermal parameter drift, and ground loop coupling. All are manageable with appropriate 
system-level design. 

Bench tests capture steady-state performance into resistive loads. They miss transient current delivery, 
back-EMF management, dynamic compression, reactive load stability, and time-domain accuracy — all 
of which determine real-world performance. 

System-level design requires every decision — output impedance, supply sizing, feedback topology, 
grounding, thermal management — to be evaluated in terms of its effect on the complete loop. 
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The perceptual qualities musicians describe as tight, punchy, defined, controlled, and consistent are the 
audible results of a complete loop that works — all elements designed to the same standard, all 
contributing to the same performance. 

 

Performance is not determined by the best component in the system. It is determined by 
how all components interact — and ultimately by the weakest point in the loop. System-
level thinking is not optional. It is the only way to design an amplifier that performs as well 
as it measures. 

 
 

SECTION 10 

Damping Factor: The Real Story 

 

Damping factor is one of the most quoted and least understood specifications in audio amplification. It 
appears on specification sheets. It is cited in amplifier comparisons. It is used by manufacturers to imply 
superiority. And in most of these uses, it is presented in a way that obscures rather than reveals what is 
actually happening in the system. 

The concept of damping factor is not wrong. The physics behind it is real. The effect it describes — the 
ability of the amplifier to control loudspeaker cone motion after the drive signal has changed or ended 
— is one of the most important factors in bass amplifier performance. The problem is not the concept. 
The problem is how it is measured, what is assumed when interpreting the number, and what the 
number fails to capture. 

This section examines damping factor from its physical foundations, through its limitations as a 
specification, to the system-level reality that determines whether a bass amplifier actually damps well in 
practice. 

10.1  The Definition — What Damping Factor Actually Means 

Damping factor is defined as the ratio of the loudspeaker's nominal load impedance to the amplifier's 
output impedance: 

 

DF = Z_load / Z_out 

DF  —  damping factor — a dimensionless ratio 

Z_load  —  nominal load impedance of the loudspeaker, in Ohms (typically 4 or 8Ω) 

Z_out  —  output impedance of the amplifier, in Ohms 

 

A higher damping factor implies a lower output impedance relative to the load. A lower output 
impedance means that more of the back-EMF voltage generated by the moving cone will drive current 
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through the circuit — producing a braking force. This is the physical mechanism: the amplifier's low 
output impedance acts as a near-short circuit for back-EMF currents, allowing them to create a strong 
electromagnetic braking force on the cone. 

This is a real and important physical effect. An amplifier with a damping factor of 10 will allow 
significantly less braking current than one with a damping factor of 100. The difference is audible — the 
cone rings more after the signal ends, the bass sounds looser, and fast note sequences lose definition. 

Up to this point, damping factor is a useful and honest concept. The difficulties begin when the 
specification is interpreted beyond what the physics actually justifies. 

10.2  What the Standard Definition Assumes — And Why Those Assumptions 
Fail 

The standard damping factor definition contains two implicit assumptions that are never true in real-
world bass amplification: 

Assumption 1: Z_load is constant 

The definition uses Z_load as a fixed number — the nominal impedance of the loudspeaker. As 
established in Section 3, this is a profound simplification. Loudspeaker impedance is not constant. It 
varies with frequency, signal level, and cone position. At resonance, it may be three to four times the 
nominal value. At the impedance minimum, it may be below the nominal value. Between these 
extremes, the phase angle between voltage and current swings through a wide range. 

The damping factor therefore varies continuously with frequency. It is not a single number. It is a curve 
— a different value at every point in the frequency spectrum, tracking the loudspeaker's impedance 
curve divided by the amplifier's output impedance at that frequency. A specification that gives a single 
DF number is giving you one point on this curve — typically measured at 1 kHz into a resistive load, 
which is neither the frequency where damping matters most nor the type of load the amplifier actually 
drives. 

Assumption 2: Z_out is constant 

The definition also treats Z_out as a fixed value — a property of the amplifier that can be specified once 
and applied universally. In reality, output impedance varies with frequency, temperature, operating 
conditions, and — most importantly — power supply behaviour. 

At low frequencies, where the feedback loop gain is typically high, output impedance is at its minimum. 
At higher frequencies, where loop gain has begun to fall, output impedance rises. The feedback 
bandwidth of the amplifier determines the frequency range over which low output impedance — and 
therefore good damping — is maintained. 

For bass amplification, this is critical. The frequencies where damping matters most — where cone 
excursions are largest and back EMF is most significant — are in the 30 to 150 Hz range. The output 
impedance at these frequencies, not at 1 kHz, determines the actual damping performance. 
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Damping factor is not a fixed number. It is a dynamic quantity that varies with frequency, 
temperature, operating conditions, and power supply behaviour. A single quoted DF number 
gives you a snapshot of one operating point under idealised conditions. 

 

10.3  DF Across the Frequency Range — The Table That Should Be in Every Spec 
Sheet 

 

Figure 10.1 — Damping factor diminishing returns. The knee is at DF=100. Above DF=500, voice coil resistance dominates 
— Z_out is irrelevant. 

Because both Z_load and Z_out vary with frequency, the damping factor is different at every frequency. 
The following table examines what happens to the damping factor across the bass frequency range — 
and what the engineering reality is at each region. 

 

Frequency 
region 

Speaker impedance Effect on DF number Engineering reality 

20–40 Hz 
Deep bass 

Often 2×–4× nominal due to 
resonance peak. An 8Ω 
cabinet may present 24–32Ω. 

DF appears very high at 
resonance peak. But this is 
misleading — the impedance 
rise, not better damping, 
inflates the number. 

Back EMF at resonance is at 
maximum. This is where 
damping matters MOST. The 
inflated DF number is poorest 
at capturing this. 
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60–150 Hz 
Bass 
fundamental 

Often dips toward or below 
nominal. Minimum 
impedance region — highest 
current demand. 

DF at minimum impedance is 
lowest. This is the most 
truthful region of the DF 
measurement. 

Amplifier must deliver 
maximum current here. 
Output impedance matters 
critically. This is the frequency 
range where DF actually 
predicts behaviour. 

200–800 Hz 
Upper harmonics 

Rising again due to voice coil 
inductance. Typically 1.5×–2× 
nominal. 

DF rising with impedance but 
cone excursion reducing. Less 
mechanical energy being 
managed. 

Less critical for damping. 
More important for tonal 
accuracy and feedback loop 
stability. 

Above 1 kHz 
High frequencies 

Continuing to rise. Voice coil 
inductance dominant. 

DF number looks very good. 
Bass cabinet cone barely 
moving at these frequencies. 

Damping factor at 1 kHz — 
the standard test frequency 
— tells you almost nothing 
about bass control. The 
frequency where DF matters 
most is the one it is rarely 
measured at. 

 

The most important insight from this table is in the last column for the deep bass and resonance region: 
the frequency where back EMF is at its maximum — where damping matters most — is precisely the 
frequency where the quoted DF number is most misleading. At resonance, the impedance peak inflates 
the DF number dramatically, making the amplifier appear to have very high damping. In reality, the 
back-EMF energy being returned to the amplifier at resonance is at its maximum, and what actually 
determines the damping at this frequency is whether the power supply can absorb that returned energy 
without rail bounce. 

The standard 1 kHz DF measurement sits in the high-frequency region of the table — where cone 
motion is small, back EMF is minimal, and damping is least critical. The measurement point is chosen for 
convenience, not for relevance. It is an accurate measurement of an unimportant quantity. 

10.4  The True Braking Equation — What Actually Controls the Cone 

The physical mechanism of electromagnetic damping is the braking current that flows when back EMF 
drives current through the total circuit impedance. This is the equation that actually determines 
damping performance: 

 

I_brake = V_bemf / (R_e + Z_cable + Z_out) 

I_brake  —  braking current, in Amperes — this creates the electromagnetic braking force 

V_bemf  —  back EMF generated by cone velocity = Bl × v 

R_e  —  DC resistance of the voice coil — typically 5–7Ω for an 8Ω driver 

Z_cable  —  total resistance of speaker cable, connectors, and sockets 

Z_out  —  output impedance of the amplifier at the frequency of interest 

 



95 
 

This equation reveals several things that the simple DF definition conceals. First, the voice coil resistance 
R_e is always in series with the braking path. No matter how low Z_out is made, R_e sets a floor on the 
total braking circuit impedance. For a typical 8-ohm driver, R_e is approximately 5.5 to 6.5 ohms. This 
means that even with zero amplifier output impedance, the maximum possible braking current for a 
given back EMF is V_bemf / R_e. 

Second, Z_cable — the resistance of the speaker cable and connectors — is directly in series with the 
braking path and cannot be corrected by the amplifier's feedback loop. The feedback loop measures at 
the amplifier output terminals, not at the speaker terminals. Whatever impedance lies between those 
two points is outside the feedback loop and directly degrades damping. 

Third, Z_out must be evaluated at the frequencies where braking matters — primarily 30 to 150 Hz for 
bass amplification — not at the standard 1 kHz test frequency where the DF specification is typically 
derived. 

10.5  The Diminishing Returns of Very High Damping Factor 

Once the braking equation is understood, it becomes clear why very high damping factor numbers — DF 
= 1000, DF = 5000, or higher — represent marketing rather than engineering progress. The following 
table demonstrates the diminishing returns mathematically, using a typical 8-ohm driver with R_e = 6Ω. 

 

Damping factor Z_out (8Ω load) Effective braking equation 
(Re ≈6Ω assumed) 

Engineering and audible reality 

DF = 10 0.8 Ω (into 8Ω) I_brake = V_bemf / (6Ω + 0.8Ω) 
= V_bemf / 6.8Ω 

Noticeably poor control. Cable resistance 
and connector resistance dominate. 
Audible looseness at bass resonance. 

DF = 50 0.16 Ω I_brake = V_bemf / 6.16Ω Meaningful improvement. Bass becomes 
more controlled. The step from DF=10 to 
DF=50 is clearly audible. 

DF = 100 0.08 Ω I_brake = V_bemf / 6.08Ω Good control. Further improvement over 
DF=50 is real but smaller. Most of the 
damping benefit is now achieved. 

DF = 500 0.016 Ω I_brake = V_bemf / 6.016Ω Voice coil resistance (Re ≈6Ω) now 
dominates the braking path. Amplifier 
Z_out is negligible in comparison. 

DF = 1000 0.008 Ω I_brake = V_bemf / 6.008Ω Essentially identical braking to DF=500. 
Z_out is 0.13% of Re. Cable resistance of 
0.1Ω degrades this to an effective DF of 
~55 at the speaker terminals. 

DF = 5000+ <0.002 Ω I_brake ≈ V_bemf / Re (Re 
alone limits braking) 

Amplifier output impedance is 
irrelevant. Speaker cable, connectors, 
and voice coil resistance entirely 
determine braking. Marketing number, 
not engineering reality. 
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The table makes the diminishing returns unmistakable. Moving from DF = 10 to DF = 50 produces a 
meaningful and audible improvement in bass control. Moving from DF = 100 to DF = 500 produces a 
small improvement. Moving from DF = 500 to DF = 5000 produces essentially nothing — because the 
voice coil resistance now dominates the braking path, and the amplifier's output impedance is 
irrelevant. 

More significantly, the last row shows that a 10-metre speaker cable with standard 1.5 mm² conductors 
adds approximately 0.27Ω of resistance. This degrades the effective damping factor at the speaker 
terminals from 1000 to approximately 27. The cable has done far more damage to damping than any 
amplifier output impedance above DF = 50 would have. An amplifier with DF = 1000 connected through 
a long thin cable has worse effective damping than an amplifier with DF = 100 connected through a 
short heavy cable. 

 

A damping factor of 1000 connected through a long thin cable 
has worse effective damping at the speaker terminals 
than a damping factor of 100 through a short heavy cable. 
Cable resistance is outside the feedback loop. 
It cannot be corrected. It must be minimised by design. 

 

10.6  All Contributors to Effective Output Impedance 

The effective output impedance seen at the speaker terminals — the quantity that actually determines 
damping — is the sum of multiple contributions from throughout the signal path. The following table 
examines each contributor, how it arises, and its engineering impact. 

 

Source of Z_out 
variation 

How it contributes Engineering impact 

Output stage topology Class A-B with global negative feedback: 
very low Z_out at audio frequencies — 
typically 0.01–0.1Ω. Class D without 
output-referred feedback: Z_out set partly 
by output filter impedance — may rise at 
bass frequencies. 

Primary determinant of Z_out in most 
amplifiers. Feedback depth and topology 
are the key design levers. 

Feedback loop 
bandwidth 

Negative feedback reduces Z_out by the 
loop gain factor. At frequencies where 
loop gain is high, Z_out is low. At 
frequencies where loop gain has fallen, 
Z_out rises. Loop gain typically decreases 
with frequency. 

Z_out rises above the feedback bandwidth 
corner. For bass amplifiers, the feedback 
bandwidth must extend well below 100 Hz 
to maintain low Z_out where back EMF 
matters most. 

Power supply 
impedance 

The supply rails feed the output stage. If 
rail voltage varies due to transient load or 
back-EMF return, the effective supply 
impedance adds to Z_out seen by the 

Often the dominant contributor to Z_out 
under dynamic conditions. A supply that 
holds rails firm maintains the low Z_out 
the output stage achieves statically. 
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loudspeaker. A sagging supply effectively 
increases Z_out dynamically. 

Speaker cable resistance Speaker cable has DC resistance — 
typically 0.05–0.3Ω for a standard cable of 
normal length. This appears directly in 
series with the amplifier output and adds 
to the total Z seen by the loudspeaker. 

Cable resistance cannot be corrected by 
the amplifier’s feedback loop (which 
measures at the amplifier output 
terminals, not the speaker terminals). It 
directly and unavoidably degrades 
damping. 

Connector and socket 
resistance 

Every connector junction adds contact 
resistance. A corroded 1/4" jack or a loose 
Speakon connector can add 0.05–0.5Ω in 
series with the signal path. 

Variable and unpredictable. A nominally 
identical setup can have different effective 
damping on different days depending on 
connector condition. 

Thermal drift Output device characteristics change with 
temperature. Transconductance, 
saturation voltage, and on-resistance all 
change as devices heat up. In Class D, 
switching characteristics and dead time 
drift with temperature. 

Z_out and therefore effective DF change as 
the amplifier warms up. Sound may differ 
between cold and steady-state thermal 
operation. 

 

Reading through this table reveals why the system-level perspective is essential for understanding 
damping. The amplifier's output stage output impedance is only one of six contributors — and in many 
real-world installations, it is not even the dominant one. Speaker cable resistance alone can dwarf the 
amplifier's Z_out once the DF rises above 100. Power supply behaviour under transient loading 
dynamically increases effective Z_out precisely when the signal is most demanding. Feedback bandwidth 
determines Z_out at the frequencies that matter most for bass. 

10.7  Speaker Cable — The Damping Factor Killer That Nobody Talks About 

 

Figure 10.2 — Cable resistance lies outside the feedback loop and cannot be corrected. It directly reduces the effective 
damping factor at the speaker terminals. 
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Speaker cable resistance is the most underappreciated factor in real-world damping performance. It sits 
outside the amplifier's feedback loop, directly in the braking current path, and entirely degrades 
damping in proportion to its resistance. No feedback, no compensation, no circuit technique can correct 
for it at the speaker terminals. 

The following table shows the effective damping factor at the speaker terminals for different cable 
configurations, assuming an 8-ohm load with R_e = 6Ω. 

 

Cable specification Cable resistance (both 
conductors) 

Effective DF from amp 
DF=1000 

Effective DF from amp 
DF=100 

0.5 m, 2.5 mm² (short 
patch) 

≈0.007 Ω ≈1000 (negligible impact) ≈100 (negligible impact) 

3 m, 1.5 mm² (typical 
short) 

≈0.08 Ω ≈74 (26% reduction) ≈68 (32% reduction) 

6 m, 1.5 mm² (medium 
run) 

≈0.16 Ω ≈44 (56% reduction) ≈39 (61% reduction) 

10 m, 1.5 mm² (long run) ≈0.27 Ω ≈27 (73% reduction) ≈24 (76% reduction) 

10 m, 0.75 mm² (thin 
long run) 

≈0.54 Ω ≈15 (85% reduction) ≈14 (86% reduction) 

The table makes the practical recommendation clear. For bass amplifier applications where damping 
quality matters: 

Use short speaker cables. Every metre of cable adds resistance. Double the length, double the 
resistance. 

Use heavy-gauge cable. Cross-sectional area determines resistance. 2.5 mm² has roughly half the 
resistance of 1.5 mm² for the same length. 

Maintain clean, tight connections. A corroded or loose connector junction can add 0.05 to 0.5Ω — 
equivalent to meters of additional cable. 

Do not spend engineering budget on amplifier DF above 100 if the installation uses long or thin speaker 
cables. The cable dominates the damping, not the amplifier. 

For fixed installations with long cable runs, consider whether bi-amping or the use of a powered cabinet 
(where the amplifier is at the speaker) would better serve the requirement. 

10.8  The Power Supply's Role in Dynamic Damping 

Section 5 established that back-EMF energy propagates into the power supply rails when the amplifier 
absorbs it. Section 6 established that this energy can cause rail bounce if the reservoir capacitance is 
insufficient. Both of these effects directly influence the effective damping factor under dynamic 
conditions. 

Consider what happens when the bass player stops playing a sustained note. The cone is moving. Back 
EMF is generated. This back-EMF current flows through the output stage and charges the supply rail 
capacitors. If the rail voltage rises above its nominal value as a result, the output stage is now operating 



99 
 

at a higher supply voltage than during the note. The feedback loop attempts to maintain the output at 
zero (the signal has ended) but the elevated supply gives it more headroom to do so. 

In a supply with large reservoir capacitance, this rail bounce is small — the energy is absorbed across a 
large capacitance with minimal voltage rise. Damping remains effective. In a supply with marginal 
capacitance, the rail voltage rises noticeably, and the feedback loop's ability to maintain a zero-output 
condition is compromised. The amplifier may transiently deliver a small output signal — derived from 
the rail bounce itself — that interferes with the clean decay of the note. 

This is why the power supply specification matters for damping performance, not just for dynamic 
headroom. The two are connected through the mechanism of back-EMF absorption. An amplifier with 
DF = 500 and inadequate supply capacitance may exhibit worse practical damping under real playing 
conditions than an amplifier with DF = 100 and a robust, well-specified supply. 

 

Dynamic damping — what the specification misses 

Standard DF measurement: static, steady-state, resistive load, 1 kHz. No back EMF. No supply stress. No 
transient current. 

 

Dynamic damping reality: The amplifier has just driven a loud, sustained bass note. The cone is moving 
fast. Large back EMF is present. The supply rails have been under sustained demand. 

 

At this moment, the effective damping is determined by: amplifier Z_out (which may have risen if 
supply rails have sagged), cable resistance (unchanged), supply capacitance (partly depleted), rail 
voltage stability (under back-EMF charging stress). 

 

This dynamic condition is never captured by a static DF specification. It is heard every time a bassist 
plays hard and expects the note to stop cleanly when they stop playing. 

 

10.9  Q Factor — The Loudspeaker's Own Damping Characteristic 

Damping factor is a property of the amplifier. But the loudspeaker also has its own damping 
characteristic — expressed as the Q factor — which interacts with the amplifier's output impedance to 
determine the combined system damping. 

The total Q of a loudspeaker system (Qtc in a cabinet) has three components: 

Qms — mechanical Q: the damping contributed by the suspension, surround, and mechanical losses of 
the driver. This is fixed by the driver's physical design and cannot be altered by the amplifier. 

Qes — electrical Q: the damping contributed by the electromagnetic braking mechanism through the 
voice coil circuit. This depends on the Bl product, the voice coil resistance, and — crucially — the total 
circuit impedance including the amplifier's output impedance. 

Qts — total Q: the combined result of mechanical and electrical damping. Qts = (Qms × Qes) / (Qms + 
Qes). 
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The amplifier's output impedance directly affects Qes, and therefore Qts. A lower output impedance 
increases the electrical damping contribution, reducing Qes, which in turn reduces Qts. This shifts the 
system Q toward or below the critically damped value of 0.707. 

A system with Qtc < 0.707 is overdamped — the bass rolls off smoothly but may sound lacking in 
fullness. A system with Qtc > 0.707 is underdamped — the bass has a peak near resonance that gives a 
sense of warmth or bloom but reduces definition. A system with Qtc ≈ 0.707 is maximally flat — the 
flattest possible response without a resonance peak, and typically the target for high-fidelity bass 
reproduction. 

This means that the amplifier's output impedance is not just a damping factor specification. It is a 
parameter that changes the frequency response and transient behaviour of the loudspeaker system. The 
same driver in the same cabinet can have a different measured frequency response depending on the 
output impedance of the amplifier driving it. An amplifier with very high output impedance (low DF) will 
produce a response that peaks at the driver's resonant frequency — which may be perceived as warm or 
punchy. An amplifier with very low output impedance (high DF) will produce a flatter response — which 
may be perceived as tight and controlled. 

For tube amplifiers, whose output impedance is significantly higher than solid-state designs, this 
interaction produces the load-dependent frequency response discussed in the Amplifier-Speaker 
Interface section of this document. The speaker cabinet's impedance curve is essentially convolved with 
the amplifier's output impedance to produce the final frequency response — an effect that can be 
pleasant, predictable, and even deliberately exploited, but that is fundamentally different from the 
behavior of a low-impedance solid-state amplifier. 

10.10  Practical Damping — What Actually Determines Bass Control 

Drawing together everything in this section, the practical determinants of bass control — what 
musicians hear as tight versus loose, defined versus bloomy — can be ranked in order of engineering 
significance: 

 

What actually determines bass control — in order of real-world significance 

1.  Speaker cable quality and length. Resistance directly in series with the braking path. Cannot be 
corrected by any amplifier circuit. Use short, heavy cable. 

 

2.  Connector and junction quality. Variable and unpredictable resistance in series with the braking 
path. Maintain clean, tight connections. 

 

3.  Amplifier output impedance at bass frequencies (30–150 Hz). Must be low where it matters — not 
just at 1 kHz. Requires adequate feedback bandwidth at low frequencies. 

 

4.  Power supply dynamic behaviour. Rail stability under back-EMF return determines effective dynamic 
damping. Reservoir capacitance is the primary lever. 
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5.  Voice coil resistance (Re). Sets the absolute floor on braking circuit impedance. Cannot be altered by 
the amplifier. Determines the maximum possible damping regardless of Z_out. 

 

6.  Loudspeaker Qms (mechanical damping). Fixed by driver design. Determines the loudspeaker's own 
contribution to system Q. 

 

Amplifier DF above 100: diminishing returns. Amplifier DF above 500: marketing, not engineering. 

 

 

10.11  Summary 

Section 10 has established the complete engineering picture of damping factor: 

Damping factor DF = Z_load / Z_out is a useful concept but a dangerously oversimplified specification 
when given as a single number. 

Both Z_load (loudspeaker impedance) and Z_out (amplifier output impedance) vary with frequency. DF 
is therefore a continuous curve, not a fixed number. Measuring it at 1 kHz captures a point of minimal 
engineering relevance for bass amplification. 

At bass frequencies where back EMF and damping matter most (30–150 Hz), impedance and DF 
behaviour are completely different from the 1 kHz test point. The standard DF measurement is 
misleading for bass performance evaluation. 

The actual braking mechanism is I_brake = V_bemf / (R_e + Z_cable + Z_out). Voice coil resistance and 
cable resistance are in the braking path and cannot be corrected by the amplifier. 

Diminishing returns set in rapidly above DF = 100. Once Z_out is small relative to R_e (≈6Ω), further 
reduction of Z_out produces negligible improvement in braking current. DF above 500 is effectively 
irrelevant to cone control. 

Speaker cable resistance is often the dominant factor in effective damping at the speaker terminals. A 
long thin cable degrades DF from 1000 to 27 at the speaker. Short, heavy cable is the highest-impact 
practical improvement available. 

Power supply behaviour determines dynamic damping. Rail bounce from back-EMF return increases 
effective Z_out dynamically, precisely when damping is most demanded. Adequate reservoir 
capacitance is the engineering solution. 

Amplifier output impedance affects the loudspeaker system Q (Qtc), which changes the frequency 
response and transient behaviour of the complete system. Very low output impedance produces tight, 
flat response. Higher output impedance (as in tube amplifiers) produces a load-dependent response that 
peaks near resonance. 

The amplifier DF specification is one data point among many. It should be evaluated at bass frequencies, 
in the context of supply quality and cable resistance, not treated as the primary measure of bass control 
capability. 
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A very high damping factor number does not guarantee superior bass control. What 
guarantees bass control is low output impedance at the frequencies that matter, a power 
supply that holds its rails under dynamic back-EMF loading, and short heavy speaker cables 
with clean connections. The system determines the result. The specification captures one 
component of it. 

 

 
SECTION 11 

Transient Response: Attack, Punch, and Definition 

 

If there is one aspect of bass amplifier performance that separates competent from exceptional, it is 
transient response. It is what musicians mean when they say an amplifier has punch. It is what engineers 
mean when they talk about time-domain accuracy. It is the difference between a bass that cuts through 
a dense mix with clarity and articulation, and one that is present in volume but indistinct in character. 

Transient response is also the aspect of amplifier performance that steady-state specifications capture 
least. Frequency response, THD, and power output are all measured with signals that have reached 
equilibrium. A transient, by definition, has not. It is the system's behaviour in the first milliseconds of a 
signal change — before any steady state is reached — that determines what the musician and audience 
experience as the attack of a note. 

This section examines transient response from its physical foundations through every limiting factor in 
the signal chain, and connects the engineering directly to the specific demands of different bass playing 
techniques. 

 

11.1  What a Transient Is — and Why It Is Different from Steady-State 

A transient is any rapid change in signal level. In bass amplification, transients occur at the onset of 
every note — the moment the string is plucked, struck, or picked. They also occur at every dynamic 
change within a phrase: the accent on the downbeat, the harder second note in a slap lick, the sudden 
crescendo from soft groove to loud fill. 

What makes a transient different from steady-state operation is not its frequency content. A 41 Hz bass 
note has the same fundamental frequency whether it is played softly or struck hard. What is different is 
the rate of change in amplitude — the dV/dt — at the onset moment. This rate of change can be many 
times higher than anything present in the sustained body of the note. It is the dV/dt at onset that drives 
the amplifier to its limits, that demands peak current from the power supply, and that reveals every 
limitation in the signal chain. 

The human auditory system is exquisitely sensitive to transients. The ear processes the first few 
milliseconds of a sound as the primary cue for identifying its character — its instrument, its articulation, 
its dynamic intent. This is why the attack is so perceptually significant. Lose the first millisecond and the 
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note still sounds. But it sounds different. The snap, crack, or thump that identifies the playing technique 
is gone. The note has body but no character. 

 

The first 1 to 5 milliseconds of a bass note contain most of its perceptual identity. What 
happens in this window — determined by current delivery speed, slew rate, and supply 
response — is what musicians call attack, punch, and character. 

 

 

11.2  The Anatomy of a Bass Transient — Time by Time 

 

Figure 11.1 — Anatomy of a bass note. The 1–5ms attack onset (red) is where current delivery speed defines snap vs thud. 

A complete bass note passes through five distinct phases, each placing different demands on the 
amplifier system. The following table maps each phase to its signal behaviour, current demand, 
mechanical state of the loudspeaker, and what the listener hears. Reading across each row reveals the 
simultaneous demands placed on every element of the system. 
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Time window Signal behaviour Current demand Mechanical state What you hear 

0–1 ms 
Pre-attack 

Near zero. String 
displacement building 
before release. 

Low. System at rest. 
No transient yet. 

Cone at rest. Full static 
inertia. 

Silence. The musical 
'space before the note'. 

1–5 ms 
Attack onset 

Rapid rise. Largest 
dV/dt of the entire 
note. 

Maximum surge 
demanded. Must 
overcome full cone 
inertia. 

Cone accelerating from 
rest. F = Bl×I must 
exceed M×a 
completely. 

The 'snap', 'click', or 
'thump' — the 
character of the attack. 
Defined by how fast 
current arrives. 

5–20 ms 
Acceleration 

Rising toward peak. 
Back EMF building as 
cone moves. 

Sustained high current 
against growing back 
EMF. Net force = Bl×I − 
V_bemf/Z_out. 

Cone accelerating. 
Kinetic energy 
building. Resonance 
system engaging. 

The 'body' arriving. The 
note developing 
presence and weight. 

20–200 ms 
Sustain 

At or near peak level. 
Relatively stable. 

Bidirectional 
management. Reactive 
exchange ongoing. 

Operating velocity 
reached. All three 
equation terms active. 

The sustained character 
of the note. Fullness, 
presence, weight. 

200 ms+ 
Decay 

Falling. Can be rapid 
(muted) or slow 
(natural decay). 

Reducing. Back EMF 
eventually exceeds 
drive. Braking phase. 

Decelerating. Kinetic 
energy returning as 
electrical via back EMF. 

How the note ends. 
Clean stop vs bloomy 
overhang. Speed set by 
Z_out. 

 

The attack onset phase — 1 to 5 milliseconds — is where the amplifier is most severely tested. The 
current demanded in this window is the largest it will face during the entire note. The cone is at rest 
with full static inertia. The power supply must deliver peak current before the attack transient has 
passed. This is the engineering window that determines whether the musician's technique is accurately 
reproduced. 

The acceleration phase — 5 to 20 milliseconds — is where the power supply must sustain delivery 
against growing back EMF. The output stage must manage bidirectional energy as the cone builds 
velocity. This phase determines the 'body arriving' character — whether the note develops presence and 
weight, or whether it starts with attack but thins out immediately. 

11.3  Slew Rate — The Electrical Speed Limit 

Slew rate is the maximum rate at which an amplifier can change its output voltage. It is a hard physical 
limit set by the amplifier's internal capacitances and the current available to charge them. It is typically 
expressed in volts per microsecond: 

 

SR = dV/dt  [V/µs] 

SR  —  slew rate — maximum rate of voltage change at the amplifier output 

dV/dt  —  the rate of change of output voltage, in Volts per microsecond 
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When the input signal demands a rate of voltage change that exceeds the slew rate, the output cannot 
follow. Instead of reproducing the input waveform accurately, the amplifier output ramps at its 
maximum rate — producing a sawtooth-like distortion of fast transients. The output eventually catches 
up with the input once the rate of change drops below the slew rate limit, but the transient peak may 
have been missed entirely, clipped, or reproduced at reduced amplitude. 

Slew rate and frequency — the required rate for a sine wave 

For a pure sine wave, the required slew rate is: 

 

SR_required = 2πf × V_peak 

f  —  frequency of the signal, in Hz 

V_peak  —  peak amplitude of the signal, in Volts 

 

This equation reveals something important for bass amplification. At low fundamental frequencies (40 
Hz), the required slew rate for a sustained sine wave is modest — approximately 10 V/µs at full output. 
Most well-designed amplifiers have slew rates of 50 V/µs or more, which provides comfortable margin 
for the fundamental frequency alone. 

However, slew rate is not primarily a concern for the sustained fundamental. It is a concern for the 
attack transient — which contains a very fast rise time regardless of the note's fundamental frequency. 
A slapped bass note with a rise time of 1 millisecond requires the amplifier to change output voltage at a 
rate equivalent to many times the slew rate requirement of the fundamental frequency. The attack is a 
broadband event; the sustained note is a narrowband one. 

Additionally, bass instruments produce significant harmonic content. The upper harmonics of a bass 
guitar — typically extending from 500 Hz to 5 kHz and above — require much higher slew rates than the 
fundamental. An amplifier that has adequate slew rate for the 41 Hz fundamental may be marginal at 
the 3rd or 5th harmonic when driven at full output. 

 

Signal condition Peak voltage Slew rate required Engineering context 

Bass guitar open E 
(41 Hz, 100W into 8Ω) 

40V 10.3 V/µs Modest. Any competent 
amplifier handles this 
under steady-state 
conditions. The challenge is 
at transient onset, not 
sustained operation. 

Fast slap bass 
(attack rise time ~0.5 
ms) 

40V ≈80 V/µs (rise time limited) Transient-limited, not 
frequency-limited. The 
issue is the 0.5 ms rise time 
of the attack, not the 41 Hz 
fundamental frequency. 
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Hard-plucked bass 
(attack rise time ~1–2 
ms) 

40V 20–40 V/µs Still demanding. Most 
linear amplifiers with 
adequate slew rate handle 
this. Class D filter adds 
phase shift that affects 
transient fidelity. 

Bass with harmonics 
(1–5 kHz content, 20W) 

13V 40–200 V/µs Higher frequency 
harmonics of the 
instrument require higher 
slew rate than the 
fundamental alone. Often 
the binding constraint for 
slew rate specification. 

Typical well-designed 
solid-state bass amp 

— 50–200+ V/µs Adequate margin for all 
bass amplification needs 
under normal conditions. 
Slew rate is rarely the 
limiting factor in a 
competently designed bass 
amplifier. 

 

The table makes clear that for a properly designed bass amplifier, slew rate is rarely the primary 
transient limitation. The more common limiting factors are power supply transient current delivery and, 
in Class D designs, output filter group delay. A well-specified solid-state output stage with 50 to 200 V/µs 
has more than adequate slew rate for any bass amplification application. The engineering focus should 
be on the power supply and current delivery chain, not on squeezing extra slew rate from the output 
stage. 

 

11.4  Current Delivery — The Primary Determinant of Attack 

Of all the factors that determine transient response, the speed and magnitude of current delivery is the 
most important. The physics is direct: force equals Bl times current. Acceleration equals force divided by 
mass. The cone cannot accelerate until the current arrives. The attack of the note is determined by how 
quickly the required current reaches the voice coil. 

This current must come from the power supply, through the amplifier output stage, through the speaker 
cable, and into the voice coil. Every stage in this chain has an impedance and a response time. The 
slowest stage determines the system's transient current delivery speed. 

Power supply transient current — the primary bottleneck 

As established in Section 6, the power supply must deliver peak transient current without voltage sag. 
The critical parameter is not just how much current the supply can ultimately deliver, but how fast it can 
deliver it. A supply with large capacitance but high parasitic inductance in the current path may have the 
stored energy but cannot release it fast enough. 
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The transient current delivery speed is determined by the ratio of available current to the circuit 
inductance in the delivery path: di/dt = V / L. Every nanohenry of parasitic inductance in the supply rail, 
output stage connections, or PCB traces reduces the rate at which current can rise in response to a 
transient demand. This is why layout is critical — the physical proximity of reservoir capacitors to the 
output stage, the width and length of supply rail traces, and the quality of decoupling all directly affect 
transient current delivery speed. 

Output stage current capability 

The output transistors themselves have a safe operating area — a bounded region of voltage and 
current within which they operate safely without thermal or electrical damage. At peak transient 
current, the devices must operate within this region. If the transient demand exceeds their safe 
operating capability, the devices enter current limiting — the output impedance rises sharply and the 
current is capped below the demanded value. 

For bass amplifiers, the output devices must be specified with adequate current capability to handle the 
peak transient demands of the most demanding bass playing techniques — slap, hard pick, and fast 
high-dynamic-range playing. Specifying to the average power level is insufficient. The peak-to-average 
ratio of slap bass can exceed 20 dB — meaning peak current demands can be ten times the average 
current at moderate playing levels. 

 

Peak-to-average ratio and why it matters for transient design 

Average listening level for bass guitar in a mix: perhaps 50–100W. 

Peak transient level during slap technique at the same average level: can be 10 to 20 dB higher. 

10 dB higher = 10× the power instantaneously. 20 dB higher = 100×. 

A 100W amplifier at moderate levels may need to deliver 1000W instantaneously for a slap transient to 
reproduce accurately. 

The supply capacitors provide this peak energy for the duration of the transient (≤1–2 ms). The 
transformer then recharges them. 

An amplifier specified only to its average power requirement will clip or compress every slap attack. 
This is not headroom in the traditional sense — it is transient current headroom. 

 

11.5  Six Limiting Factors — What Degrades Transient Response 

Transient response is limited by the weakest link in the signal chain. The following table identifies the six 
primary limiting factors, explaining the engineering mechanism of each and the audible consequence it 
produces. Understanding which factor is dominant in any given system is the first step toward improving 
transient performance. 
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Limiting factor Engineering mechanism Audible consequence 

Power supply 
transient response 

The supply must deliver peak current within 
the rise time of the transient. If the supply 
has insufficient current capability or high 
internal impedance at transient frequencies, 
the rail voltage sags before the current 
arrives. The output stage cannot deliver 
what the supply rail cannot maintain. 

Soft attack on every note. The note is there 
but the snap is gone. Slap technique loses 
its character most severely — the thumb 
strike becomes a thud rather than a crack. 

Slew rate limitation The amplifier's output cannot change 
voltage faster than its slew rate permits: SR 
= dV/dt. If the required rate of voltage 
change at transient onset exceeds this limit, 
the output is a ramp rather than a step. The 
output follows the input with a lag that is 
amplitude-dependent. 

Transients are rounded off. The harder you 
play, the more the attack is softened 
relative to the input. Slew-limited distortion 
is asymmetric and generates odd harmonics 
that can sound harsh at the onset. 

Output stage current 
limiting 

Output transistors have a safe operating 
area limit. At peak transient current, the 
device may enter current limiting — 
reducing gain and effectively increasing 
output impedance momentarily. Class A-B 
devices enter thermal runaway risk at 
sustained high currents. Class D devices 
stress the body diodes. 

A hard 'squashing' of peak transients. The 
loudest notes are compressed most 
severely. Distinguished from supply sag by 
being more abrupt and less dependent on 
the duration of the transient. 

Output filter group 
delay (Class D) 

The LC output filter in a Class D amplifier 
introduces phase shift and group delay — 
different frequencies are delayed by 
different amounts. At transient onset, which 
contains a wide spread of frequency 
content, different frequency components 
arrive at the loudspeaker at different times, 
smearing the sharp rise of the transient. 

A slight softening or 'rounding' of attack 
character. Distinguished from supply sag by 
being more of a tonal softening than a 
dynamic compression. More pronounced at 
higher filter cutoff frequencies relative to 
the audio content. 

Feedback loop 
bandwidth limit 

The feedback loop corrects errors at a speed 
determined by its unity-gain bandwidth. 
Very rapid transients may partially escape 
correction before the loop can respond. This 
is particularly relevant for Class D amplifiers 
where the feedback loop must also manage 
the output filter. 

Subtle — usually masked by supply and slew 
rate limitations in real-world designs. 
Relevant mainly for comparing very well-
designed amplifiers where other limitations 
have been addressed. 

Loudspeaker inertia 
(cone mass) 

F = Bl×I and a = F/M. The cone has mass and 
resists acceleration. Even with perfect 
instantaneous current delivery, the cone 
cannot respond instantaneously. The 
mechanical system has its own transient 
response limited by Mms and the driving 
force Bl×I. 

The inherent 'weight' of the loudspeaker's 
attack — its mechanical character. Different 
drivers have different transient characters 
regardless of the amplifier. Low Mms 
drivers (like PJB's) sound faster because 
they accelerate more readily for a given 
current. 

 

The most practically important insight from this table is the ordering of the limiting factors. Power 
supply transient response is typically the dominant limitation in real-world bass amplifier performance 
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— more significant than slew rate, more significant than output stage current limiting in well-specified 
designs, and far more significant than output filter group delay or feedback bandwidth. The engineering 
emphasis should be on the supply first. Everything else is secondary. 

Loudspeaker inertia (cone mass) deserves special attention because it is the one limiting factor that the 
amplifier cannot overcome regardless of how well it is designed. The mechanical system has its own 
transient response, and this response is set by the driver design. This is why PJB's choice of low-Mms 
drivers is a transient response decision as much as an efficiency decision — a lighter cone accelerates 
faster for the same current, producing a mechanically faster attack that accurately reflects the 
electrically fast transient the amplifier delivers. 

11.6  Back EMF During Transients — The Amplifier's Second Problem 

Just as the cone begins to accelerate in response to the attack transient, it begins to generate back EMF. 
The back EMF opposes the drive current — reducing the net force on the cone. This is not a problem at 
steady state, where the system has reached equilibrium. But at transient onset, where the drive is at its 
maximum and the cone is accelerating fastest, the back EMF is also rising most rapidly. 

The effect on current is direct. The net current through the voice coil is not simply V_drive / 
Z_voice_coil. It is (V_drive − V_bemf) / Z_voice_coil. As V_bemf rises during acceleration, the effective 
drive voltage falls, reducing current and therefore reducing acceleration. The transient rise slows as the 
cone builds velocity, even if the amplifier continues to deliver its maximum output voltage. 

This effect is unavoidable — it is simply the conservation of energy operating through the 
electromagnetic coupling. But it is managed by the amplifier through its feedback mechanism. The 
feedback loop detects the reduction in output voltage caused by the back EMF (which appears as a load-
dependent output voltage variation) and increases the drive to compensate. The speed and depth of 
this compensation determine how well the system maintains attack fidelity under back-EMF loading. 

During the deceleration phase — as the note decays and the cone slows — back EMF reverses its role. It 
now adds to the amplifier's output rather than opposing it. The back-EMF voltage drives current back 
through the output stage, which must now absorb it rather than deliver it. This transition — from 
delivery to absorption — must be handled without phase reversal, voltage instability, or loss of control. 
An amplifier that handles this transition cleanly produces a note that decays as accurately as it attacks. 

 

The attack is determined by how fast current arrives. 
The sustain is determined by how accurately it is maintained. 
The decay is determined by how cleanly it is absorbed. 
All three are transient events. 
All three are engineering responsibilities. 
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11.7  Playing Technique and Transient Demands — Not All Bass Is Equal 

 

Figure 11.2 — Playing technique vs transient demand. Slap thumb (1ms rise), pick (3ms), fingerstyle (12ms). Design for 
the hardest technique. 

Different bass playing techniques place very different transient demands on the amplifier system. What 
is adequate for fingerstyle playing may be inadequate for aggressive slap. An amplifier that sounds 
excellent for a jazz bassist playing with fingers may compress and lose character for a funk bassist 
playing hard slap. The engineering requirements differ substantially. 

 

Playing style Typical rise time Peak current demand Primary engineering 
challenge 

Fingerstyle 
(moderate) 

5–15 ms Moderate Sustained delivery and 
damping. The note character 
comes from sustain quality 
and decay control as much as 
attack sharpness. 

Pick technique 
(hard) 

2–5 ms High Fast rise time demands rapid 
current delivery and adequate 
slew rate. Attack definition is 
primary. The pick's character 
depends on how accurately 
the transient is reproduced. 

Slap thumb 
(hardest transient) 

0.5–2 ms Very high Most demanding transient in 
bass playing. Exposes every 
weakness: supply sag, slew 
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rate limit, output stage 
current limiting. The 'crack' is 
entirely in the first 1–2 ms. 

Slap pop 
(string pull) 

1–3 ms High with harmonic 
content 

Fast rise with significant high-
frequency harmonic content. 
Tests both slew rate and 
output filter group delay in 
Class D designs. The 'snap' 
depends on accurate 
reproduction of 1–5 kHz 
content. 

Two-finger fast 
(funk/groove) 

3–10 ms per note Moderate per note, 
sustained high rate 

Power supply recovery 
between notes is the critical 
factor. Each note must receive 
equivalent energy. If supply 
does not recover fast enough, 
successive notes compress 
progressively. 

 

Slap thumb technique deserves particular attention as it presents the most extreme transient demands 
of any bass playing style. The thumb strike generates a transient with a rise time of 0.5 to 2 milliseconds 
— shorter than the rise time of most signal generators. In this brief window, the amplifier must: deliver 
peak current from the supply without sag; reproduce the attack without slew rate limiting; avoid output 
stage current limiting; and begin managing the back EMF that starts building the moment the cone 
moves. 

An amplifier that passes all of this correctly produces the characteristic crack of slap bass — the 
percussive, aggressive attack that cuts through any mix. An amplifier that fails at any stage produces a 
thud — the note is there, the volume is there, but the character of the technique is compromised. This 
distinction is immediately apparent to any experienced bassist and is one of the most reliable 
discriminators between well and poorly engineered bass amplifiers. 

 

11.8  Transient Response in Class A-B vs Class D — Practical Differences 

The topology of the output stage has specific implications for transient response that deserve 
examination beyond the general class comparison of Section 7. 

Class A-B transient response 

In a Class A-B amplifier, the output stage is always conducting and can deliver current in both directions 
without switching delays. When a transient arrives, the output can begin delivering current immediately 
— limited only by the slew rate of the voltage amplifier stages and the transient response of the power 
supply. There is no switching delay, no output filter phase shift, and no dead time management. The 
response is as fast as the supply can support. 

In most well-designed Class A-B amplifiers, the dominant limitation on transient response is the power 
supply. The output stage has adequate slew rate in any competent design, and the continuous 
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conduction means it can always source or sink current as required. Improving transient response in a 
Class A-B design means improving the supply's transient current delivery capability — increasing 
reservoir capacitance, reducing supply rail parasitic inductance, and ensuring the transformer VA rating 
can support peak transient demand. 

Class D transient response 
In a Class D amplifier, several additional factors affect transient response beyond the power supply. The 
PWM process has a finite resolution determined by the switching frequency and the resolution of the 
modulator. Very fast transients — those with rise times approaching the switching period (typically 2–4 
µs at 250–500 kHz) — are reproduced with limited resolution. The transient is represented by the PWM 
encoding with a granularity set by the switching frequency. 
The output filter introduces group delay — different frequencies take different amounts of time to pass 
through the filter. At transient onset, this manifests as a smearing of the attack: the high-frequency 
components of the transient (which carry much of the attack character) arrive at the loudspeaker 
slightly after the low-frequency components. The result is a subtle softening of the attack that is 
proportional to the filter's group delay at transient frequencies. 
In a well-designed Class D amplifier, these effects are managed through careful switching frequency 
selection (higher frequency reduces PWM resolution issues), careful output filter design (minimizing 
group delay at audio frequencies), and output-referred feedback (which compensates for filter loading 
effects). When done correctly, the audible difference from Class A-B is minimal. When done poorly, the 
Class D can sound characteristically 'soft' on attacks even when all other specifications appear adequate. 
For bass amplification specifically, the output filter group delay is most significant in the 500 Hz to 5 kHz 
range — where the upper harmonics that define the attack character of bass reside. This argues for 
Class D output filters with the highest practical cutoff frequency, consistent with adequate switching 
noise attenuation. 

11.9  Transient Response and the PJB Distributed Driver Architecture 

 

Figure 11.3 — PJB distributed drivers. Low Mms = faster acceleration per ampere. Bl/Mms ratio: 898 T·m/kg. Small 
excursion = linear Bl throughout the transient. 
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PJB's use of multiple small drivers rather than fewer large ones has a direct and measurable impact on 
transient response. The physics is in the Bl/Mms ratio: 

 

a = (Bl × I) / M_ms 

a  —  cone acceleration — the rate of attack onset 

Bl  —  motor force factor — 6.025 T·m for the PJB 5-inch driver 

I  —  voice coil current — delivered by the amplifier 

M_ms  —  moving mass — 6.707 g for the PJB 5-inch driver 

 

The PJB 5-inch driver has a Bl/Mms ratio of approximately 898 T·m/kg. This is the motor efficiency figure 
— the acceleration produced per ampere of current. A higher ratio means faster cone response for the 
same current. Compared to a large single driver that might have a Bl/Mms ratio of 400–600 T·m/kg, the 
PJB driver can produce significantly faster acceleration from the same current impulse. 

Beyond the higher Bl/Mms ratio, using multiple small drivers has a second transient advantage: each 
individual driver operates at smaller peak excursion for a given output level. Smaller excursions mean 
the driver operates closer to the linear centre of its Bl curve throughout the transient. The nonlinear 
effects that degrade transient accuracy at large excursions — Bl variation, suspension stiffening, 
inductance modulation — are reduced in proportion to the reduction in excursion per driver. 

The combined effect is audible: PJB systems are consistently described by musicians as having a fast, 
immediate, clear attack character — not because the amplifier electronics are doing something special, 
but because the mechanical system is responding more accurately to the electrical transient the 
amplifier delivers. 

 

11.10  What Transient Response Sounds Like — Engineering to Perception 

The perceptual impact of transient response quality is direct and immediate. Musicians who play 
through systems with good and poor transient response do not need to be told which is which. The 
difference is felt before it is intellectualised. 

 

Good transient response — what musicians experience 

The note starts exactly when you play it. No lag, no softening at the onset. 

Slap technique has crack and bite. The thumb strike sounds like a strike, not a thump. 

Fast runs retain individual note definition. The amp keeps up with your fingers. 

Dynamic range is preserved. Playing hard sounds harder — not just louder, but more characterful. 

The note you play is the note the audience hears. The articulation, the technique, the intention — all 
transmitted accurately. 
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Poor transient response — what musicians experience 

There is a slight lag or softness at the start of every note. The attack feels 'behind the beat'. 

Slap technique loses its edge. The thumb strike sounds like a thud. The pop loses its snap. 

Fast runs blur together. Individual notes lose definition at speed. 

Playing harder does not produce proportionally harder sound. The dynamics are compressed. 

The amplifier imposes its own character on the playing — softening edges, smoothing articulations, 
reducing the difference between techniques. 

 

These descriptions are not subjective impressions without cause. Every one of them traces directly to a 
specific engineering failure: supply sag at transient onset, slew rate limiting, output stage current 
limiting, or cone mass. Understanding which failure is present allows targeted engineering correction. 
Treating the descriptions as merely subjective leads to amplifiers that measure well and disappoint in 
use. 

 

11.11  Summary 

Section 11 has established the complete transient response picture: 

A transient is any rapid change in signal level. At the onset of every bass note, the system faces its most 
demanding condition: peak current must be delivered before the transient has passed. 

The first 1 to 5 milliseconds of a bass note determine its perceptual character. What happens in this 
window is attack, punch, and definition. What does not happen in this window is perceived as softness, 
lag, or loss of articulation. 

Slew rate (SR = dV/dt) is the electrical speed limit. It is rarely the primary limiting factor in a well-
designed bass amplifier. The required slew rate for bass fundamentals is modest; attack transients 
require more but well-specified output stages handle this comfortably. 

Current delivery speed is the primary determinant of attack quality. It is determined by power supply 
transient response, supply rail parasitic inductance, and output stage current capability. 

Peak-to-average ratios in bass playing can exceed 20 dB. Transient current headroom — the ability to 
deliver 10 to 100 times average current instantaneously — is the critical specification for bass amplifiers, 
not steady-state power rating. 

Six limiting factors degrade transient response: power supply sag (dominant), slew rate limiting, output 
stage current limiting, Class D filter group delay, feedback bandwidth, and loudspeaker cone inertia. 

Loudspeaker cone mass is the one limiting factor the amplifier cannot overcome. Low-Mms drivers (such 
as PJB's 5-inch units) produce faster mechanical response for the same current, translating electrical 
transient accuracy into acoustic transient accuracy. 

Back EMF interacts with transients in two ways: during acceleration it opposes drive current (reducing 
net force), and during deceleration it must be absorbed cleanly (determining decay character). Both 
must be managed simultaneously. 
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Playing technique determines transient demand. Slap technique (0.5–2 ms rise time) is the most 
demanding. Fingerstyle (5–15 ms rise time) is the least demanding. Amplifier design must account for 
the most demanding technique the instrument will be played with. 

Class D output filter group delay affects transient accuracy by smearing fast attack events across time. 
Well-designed Class D filters minimise this through appropriate cutoff frequency selection and output-
referred feedback. 

 

Transient response is not a single specification. It is the result of the entire system operating 
correctly in the first milliseconds of a note. Power supply, output stage, driver, and feedback 
all contribute. The system is only as fast as its slowest component — and the slowest 
component is almost always the power supply. 

 

 
SECTION 12 

Component Aging and Long-Term Reliability 

Every amplifier examined in this document — every topology discussed, every power supply designed, 
every output stage optimized — will age. The physics of the system loop, the engineering of the 
feedback network, the careful specification of output impedance and supply capacitance: all of it is 
subject to the slow, inexorable process of material degradation that begins the day the amplifier leaves 
the factory. 

This is not a pessimistic observation. It is an engineering reality that must be incorporated into the 
design process from the beginning, not addressed as an afterthought when the amplifier returns for 
service. An amplifier that performs well when new is an adequate engineering achievement. An 
amplifier that still performs well after 15 or 20 years of professional use is a genuine one. 

This section examines how and why amplifier components age, what the consequences are for the 
system-level performance properties established in earlier sections, and what engineering decisions at 
the design stage determine whether an amplifier ages gracefully or deteriorates rapidly. 
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12.1  The Physics of Aging — Why Components Do Not Stay Constant 

 

Figure 12.1 — Component life vs operating temperature. Every −10°C approximately doubles capacitor life. 70°C vs 85°C: 
over 20 years vs ~8 years. 

Electronic components are physical objects made of real materials. Every material undergoes chemical 
and physical change over time, under the influence of temperature, electrical stress, mechanical stress, 
and environmental exposure. The rate of this change depends on the severity of these stresses and the 
intrinsic properties of the materials involved. It cannot be eliminated — only managed. 

The Arrhenius equation — a fundamental relationship from physical chemistry — governs the rate of 
most degradation mechanisms in electronic components: 

 

Rate ∝ exp(−Ea / kT) 

Ea  —  activation energy of the degradation process, in electron volts — a material property 

k  —  Boltzmann's constant (8.617 × 10⁻⁵ eV/K) 

T  —  absolute temperature, in Kelvin — the dominant controllable variable 

 

This equation reveals the most important lever available to the amplifier designer for controlling aging 
rate: temperature. The degradation rate increases exponentially with temperature. Conversely, reducing 
operating temperature reduces the degradation rate exponentially. For most electrolytic capacitor 
degradation mechanisms, every 10°C reduction in operating temperature approximately doubles the 
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component life. An amplifier designed to run its capacitors at 70°C instead of 85°C will have those 
capacitors last roughly 2.8 times longer. 

This is not a minor effect. It is among the most impactful design decisions in long-term reliability 
engineering. It explains why thermal management is not merely a safety requirement but a longevity 
requirement — and why an amplifier that runs hot should concern its user as much as one that distorts. 

 

Temperature is the dominant variable in component aging. Reducing operating temperature 
is the highest-leverage longevity design decision. Every 10°C reduction approximately 
doubles component life for most degradation mechanisms. 

 

12.2  Component-by-Component Aging — What Degrades and How 

Different components in an amplifier age through different mechanisms at different rates. The following 
table provides a complete reference for the primary component types, covering the degradation 
mechanism, the typical timeline, and the effect on system performance. 

 

Component Degradation 
mechanism 

Timeline Effect on system 
performance 

 

Electrolytic 
capacitors 

Electrolyte 
evaporation through 
seal. Increases ESR, 
reduces capacitance. 
Accelerated by heat 
and high voltage. 

Begins degrading from 
day one. Significant 
change in 5–10 years 
at normal operating 
temperature. Faster in 
hot environments. 

Reduced energy 
storage, increased 
ripple voltage, slower 
transient response, 
loss of bass punch and 
definition. 

 

Solder joints Thermal cycling causes 
expansion and 
contraction. 
Intermetallic 
compounds form at 
interfaces. Lead-free 
solder particularly 
prone to grain growth 
and cracking. 

Fatigue accumulates 
with each thermal 
cycle. High-stress 
joints (output devices, 
large capacitors) can 
fail in 5–15 years 
under regular use. 

Intermittent failures, 
increased contact 
resistance, 
catastrophic open 
circuits. Often appears 
as crackling, channel 
dropout, or erratic 
behaviour. 

 

Output transistors 
(BJT / MOSFET) 

Hot carrier injection 
degrades gate oxide in 
MOSFETs. Gain (hFE) 
drift in BJTs. Threshold 
voltage shift. 
Increased leakage 
current at elevated 
temperature. 

Gradual over 10–20 
years. Accelerated 
significantly by 
operation above rated 
junction temperature. 

Bias drift, crossover 
distortion increase 
(Class A-B), switching 
timing shift (Class D), 
reduced power 
capability. 

 

Film capacitors 
(signal path) 

Dielectric absorption 
increases. Self-healing 
of breakdown sites 
consumes dielectric 

Very slow under 
normal conditions. Life 
expectancy of 20–30+ 
years if not 

Increased distortion 
and noise floor. Subtle 
tonal changes. Usually 
the last component 
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material. Moisture 
ingress through case 
seals. 

overstressed. More 
susceptible in high-
humidity 
environments. 

type to cause audible 
degradation. 

Transformers 
(linear supply) 

Insulation degradation 
due to thermal aging. 
Core lamination 
interlaminar insulation 
breakdown. 
Mechanical loosening 
of winding. 

Very long life if not 
thermally 
overstressed. 20–40 
years typical. Winding 
shorts are the primary 
failure mode. 

Increased supply 
impedance, reduced 
current capability, 
acoustic hum from 
mechanical loosening, 
catastrophic failure 
from winding short. 

 

Passive resistors 
(metal film) 

Resistance drift due to 
oxidation and thermal 
stress. Typically very 
stable. Carbon 
composition types are 
more susceptible. 

Metal film: very 
stable, <1% drift over 
20 years. Carbon 
composition: more 
drift, sensitive to 
moisture. 

Bias point drift, gain 
variation, tonal 
changes. Usually the 
most stable 
component in the 
signal path. 

 

 

The table shows that electrolytic capacitors are the most time-critical component in any amplifier — the 
highest-impact degrader for system performance within a practical service life. This is not coincidental. 
Electrolytic capacitors combine a chemically active electrolyte (which can evaporate through seals), a 
high surface-area electrode structure (which is vulnerable to chemical change), and a packaging design 
that must maintain hermeticity over decades of thermal cycling. They are genuinely the weakest link in 
most amplifier designs. 

Solder joints are the second most significant concern for amplifiers that experience regular transport 
and use — the conditions of a working musician's equipment. A joint that appears visually intact may 
have developed an intermetallic layer and a network of microcracking that increases its resistance or 
creates intermittent contact under stress. These joints cannot be reliably identified without destructive 
testing. The only design solution is to minimise their stress through good mechanical design and to 
inspect and reflow them proactively during service intervals. 

12.3  Thermal Stress — The Primary Driver of All Aging 

Temperature is the common thread running through every aging mechanism described in the previous 
section. Electrolyte evaporation accelerates with temperature. Semiconductor parameter drift is 
primarily a thermal effect. Solder joint fatigue is driven by thermal cycling — the repeated expansion 
and contraction of materials with different thermal coefficients. Insulation breakdown in transformers is 
an Arrhenius process dominated by temperature. 

Understanding where heat originates in different amplifier topologies is therefore essential for 
understanding where aging concentrates — and where design attention must focus. 

 

Topology Primary heat source Magnitude and location Design approach for 
longevity 

Class A-B 
(continuous bias) 

Constant quiescent 
current. Output devices 
dissipate power 

Output devices may run 
40–60°C above ambient at 
idle. Under sustained high 

Generous heatsinking. 
Thermal derating of devices. 
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continuously even at idle. 
Junction temperature 
elevated at all times. 

output, junction 
temperatures approach 
rated limits. 

Bias set conservatively below 
thermal runaway threshold. 

Class D 
(switching) 

Switching losses 
concentrated in output 
devices during transitions. 
Gate drive circuits also 
heated. Localised heating 
at switching nodes. 

Much lower average 
dissipation. But 
instantaneous power 
during switching transitions 
can be high. PCB trace 
heating from switching 
current loops. 

Thermal management focused 
on switching device junctions. 
PCB copper weight selected 
for current-carrying capacity. 
Adequate dead time to 
prevent shoot-through. 

Power supply 
(linear) 

Transformer core and 
winding losses. Rectifier 
diode forward voltage 
drop. Reservoir capacitor 
ESR losses at ripple 
frequency. 

Transformer runs warm 
continuously. Rectifiers 
may reach 60–80°C 
without heatsinking. 
Capacitor self-heating from 
ripple current. 

Transformer VA rating with 
thermal margin. Heatsink for 
rectifiers. Capacitors rated for 
ripple current, not just voltage 
and capacitance. 

Power supply 
(SMPS) 

Switching device losses. 
Transformer core losses at 
switching frequency. 
Output inductor copper 
losses. Control IC 
dissipation. 

Switching devices 
concentrated on small PCB 
area. Transformer core can 
run very hot at switching 
frequency. Thermal 
gradients on board. 

Thermal spreading. Adequate 
airflow. SMPS transformer 
core material selected for 
switching frequency. Control 
IC thermal derating. 

The table reveals an important difference between Class A-B and Class D aging patterns. Class A-B 
amplifiers generate heat continuously and uniformly from the output devices. The aging is distributed 
and predictable. Class D amplifiers generate heat intermittently and locally — concentrated at switching 
nodes and in PCB traces carrying high-frequency pulsed currents. This localised thermal stress can create 
hot spots that age faster than the surrounding components, producing failure patterns that are harder 
to predict without detailed thermal modelling. 
For the power supply, the critical observation is that the components most likely to age fastest — 
electrolytic capacitors — are also the components most critical for maintaining transient current 
delivery, voltage stability, and back-EMF absorption. The power supply is where aging hurts 
performance most directly, and where aging concentrates most rapidly under thermal stress. This is 
doubly unfortunate, and it is the engineering reason why power supply quality is the first casualty of 
amplifier aging. 

12.4  Electrolytic Capacitor Aging in Detail — The Critical Component 

 
Figure 12.2 — Capacitor ESR rise over time. Hot amp crosses the audible threshold at ~9 years. Cool amp (PJB target: 

70°C) stays below past 18. 
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Because electrolytic capacitors are both the most aging-sensitive components and the most 
performance-critical ones in bass amplification, they deserve detailed examination beyond the summary 
table. 

The electrolyte evaporation mechanism 

An electrolytic capacitor stores charge in a thin aluminium oxide dielectric layer on the surface of an 
aluminium foil electrode. The electrolyte — a conductive liquid or gel — is in contact with this dielectric 
and serves both as the second electrode and as a means of self-healing minor dielectric defects (by 
forming new oxide where breakdown occurs). Over time, this electrolyte slowly evaporates through the 
capacitor's rubber seal. As electrolyte is lost, two things happen: the capacitance decreases (the 
effective electrode area in contact with electrolyte decreases), and the ESR increases (there is less 
conductive electrolyte to conduct current through the capacitor). 

ESR — equivalent series resistance — and why it matters 

ESR is the effective resistance of a capacitor to AC current flow. It is not the same as the capacitor's DC 
leakage resistance. A new, high-quality electrolytic capacitor might have an ESR of 0.01 to 0.1 ohms. 
After years of service with electrolyte loss, the same capacitor might have an ESR of 0.5 to 2 ohms or 
higher. This may seem small, but in a bass amplifier power supply carrying transient currents of tens or 
hundreds of amperes, even 0.1 ohms of additional ESR adds significant voltage drop during transients. 

The voltage drop across the capacitor's ESR during a transient current pulse is: 

V_ESR = I_transient × ESR 

V_ESR  —  voltage drop due to ESR during transient, in Volts 

I_transient  —  peak transient current flowing through the capacitor, in Amperes 

ESR  —  equivalent series resistance of the aged capacitor, in Ohms 

If a supply capacitor carries a 50A peak transient and its ESR has increased from 0.02Ω (new) to 0.5Ω 
(aged), the additional voltage drop is 24V. For a 50V supply rail, this represents a 48% reduction in 
available output voltage at the peak transient moment — directly and severely degrading attack 
performance. The transient headroom that was available when the amplifier was new has been 
consumed by ESR degradation. 

This is the engineering reason why an older amplifier often sounds softer, less punchy, and less dynamic 
than a new one of the same model. The sound engineer may adjust the EQ to compensate. The musician 
may attribute it to the room, the cabinet, or their playing. In fact, it is ESR. It is physics. And it can be 
corrected by replacing the capacitors. 

Self-heating from ripple current 

Electrolytic capacitors in power supply applications carry continuous ripple current at twice the mains 
frequency (100 Hz or 120 Hz). This ripple current flows through the capacitor's ESR and generates heat: 
P = I_ripple² × ESR. As ESR increases with age, the self-heating from ripple current increases. This 
accelerates electrolyte evaporation, further increasing ESR — a positive feedback loop that accelerates 
degradation. Well-specified capacitors for bass amplifier applications must be rated for the actual ripple 
current they will carry, not just voltage and capacitance. 
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12.5  Semiconductor Parameter Drift — The Slow Shift 

Semiconductor devices — transistors, diodes, integrated circuits — do not remain constant over their 
service lives. Their parameters drift slowly under the influence of temperature and electrical stress. In 
isolation, these drifts may be small. In a carefully designed circuit, they can have significant 
consequences. 

BJT parameter drift 

Bipolar junction transistors (BJTs) used in Class A-B output stages experience changes in DC current gain 
(hFE) over time, particularly under sustained high-temperature operation. A transistor with hFE of 100 
when new may have hFE of 80 or 120 after extended service. In a matched output stage, unequal drift 
between complementary pairs can shift the bias point and increase crossover distortion. In the driver 
stage, gain drift affects the feedback depth and therefore the output impedance. 

MOSFET degradation mechanisms 

MOSFETs used in output stages (both Class A-B and Class D) experience gate oxide degradation through 
a mechanism called hot carrier injection (HCI). High-energy carriers in the channel occasionally gain 
sufficient energy to tunnel into the gate oxide, where they become trapped. This shifts the threshold 
voltage — the gate-source voltage required to turn the device on — over time. In a Class D amplifier, 
threshold voltage shift affects switching timing, potentially increasing dead time errors and changing the 
switching loss balance. In a Class A-B stage, threshold voltage shift affects the bias operating point. 

The bias drift problem in Class A-B 

Class A-B amplifiers are particularly sensitive to transistor parameter drift because their operation 
depends on precise bias current control. The bias current through the output stage sets the crossover 
region — too little bias causes crossover distortion, too much causes excessive idle dissipation and 
thermal stress. As transistors age and their characteristics drift, the quiescent bias point moves. A well-
designed amplifier has thermal compensation to counteract temperature-dependent drift, but 
compensation designed for new component parameters may be insufficient as parameters drift outside 
their initial range. 

12.6  The Geriatric Amplifier — Symptoms, Causes, and the Old Car Analogy 

An amplifier that has been in service for many years without component replacement is what can 
accurately be called a geriatric system. It may still produce sound. It may still function in its basic 
operating sense. But its ability to perform at its original specification — and particularly its ability to 
deliver the system-level bass amplification performance described throughout this document — is 
compromised in specific, traceable ways. 

The old car analogy is apt and instructive. An old car may still drive. But its engine has lost compression. 
Its suspension bushings are worn. Its brake pads are thin. Its tyre compounds have hardened. Each 
individual issue is manageable in isolation — you can drive around the corner on hard tyres, you can 
brake a bit earlier for thin pads. But the car no longer performs as it did when new, and the combination 
of issues means that driving it hard — demanding the performance it was designed for — reveals the 
cumulative degradation. 
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Repairing one component does not restore the system. Replace the tyres, and the worn suspension still 
compromises handling. Replace the brake pads, and the hardened tyres still reduce grip. Unless all worn 
components are addressed, the failure points simply move. The same is precisely true of an amplifier: 
replace the output transistors, and the weakened power supply still limits transient performance. 
Replace the power supply capacitors, and the drifted bias circuit still causes increased crossover 
distortion. 

 

The following table maps the most common geriatric amplifier symptoms to their engineering causes 
and perceptual descriptions — so that musicians can accurately identify what is happening when their 
amplifier begins to age: 

 

Symptom Engineering cause Perceptual description 

Reduced punch and 
attack 

Power supply capacitors have lost 
capacitance and gained ESR. Transient 
current delivery is impaired. The supply 
cannot deliver peak current as fast as 
when new. 

Notes feel less immediate. Slap attack has 
lost its crack. Dynamic range is 
compressed, particularly at the loud end. 

Softer, less defined bass Increased output impedance due to drift in 
bias, gain, and feedback loop 
characteristics. Effective damping factor 
has decreased. Cone control is reduced. 

Low end sounds looser, less controlled. 
Notes that used to stop cleanly now bloom 
slightly after release. Bass resonance is not 
as tightly managed. 

Increased noise floor Increased ESR in signal-path capacitors 
adds thermal noise. Drift in semiconductor 
characteristics increases shot noise and 1/f 
noise. Solder joint resistance increases 
introduce additional noise sources. 

Background hiss audible between notes. 
Crackling when moving controls. 
Sometimes intermittent dropouts or 
channel noise at specific positions. 

Character change with 
warm-up time 

Leakage currents and bias points settle to 
a new equilibrium at operating 
temperature. The warm state is 
significantly different from the cold state 
due to parameter drift from nominal. 

The amplifier sounds different at the start 
of a set compared to after 30 minutes of 
warm-up. Musicians notice it sounds 
'looser' when cold and 'settles in' over 
time. 

Intermittent faults Cracked solder joints have marginal 
contact that fails under thermal or 
mechanical stress. A joint that conducts at 
room temperature may open when the 
PCB expands at operating temperature. 

Crackling that comes and goes. A channel 
that cuts out momentarily when the 
cabinet is moved. Faults that disappear 
when the amplifier is opened and handled. 

Reduced maximum 
output 

Output transistor gain drift reduces 
available peak current. Weakened power 
supply reduces available voltage under 
peak load. Both effects compound. 

The amplifier sounds smaller than it used 
to. It runs out of headroom at lower 
volumes. A gig that used to have 
headroom now feels like the amp is 
working hard. 

 

Old amplifiers are not vintage wine. 
They are aging physical systems with degraded components. 
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What sounds like warmth or character is often drift. 
What sounds like punch is often absent. 
Physics does not make exceptions for nostalgia. 

 

12.7  The Nostalgia Trap — Why Old Amplifiers Are Misremembered 

The claim that older amplifiers sound better than modern ones is made frequently and sincerely. It 
deserves an honest engineering response rather than dismissal. 

Some of what musicians perceive as warmth or character in older amplifiers is genuine — it reflects real 
changes in component characteristics that have altered the sound in ways some people find pleasant. A 
capacitor with higher ESR changes the frequency response of the supply, which changes the bass 
character. A transistor with drifted bias has higher crossover distortion, which changes the harmonic 
content. These are real, measurable changes. Whether they represent improvement or degradation 
depends on personal preference, not engineering fact. 

But some of what musicians attribute to the vintage amplifier's superiority is confirmation bias and 
selective memory. The amplifier they remember from 20 years ago performed differently from the one 
sitting in front of them today — but not necessarily better. It was newer. It had new capacitors, new 
solder joints, new transistors at their original parameters. The memory of how it sounded is filtered 
through two decades of nostalgia and the subjective enhancement that memory routinely applies to 
past experiences. 

More practically: a vintage amplifier that has never been serviced is not performing at its original 
specification. It is performing at its current-state specification, which is the product of decades of 
component drift, capacitor aging, and solder joint fatigue. Comparing it to a new amplifier is comparing 
an aged system to a new one — not comparing a 1970s design to a 2020s design. If the vintage amplifier 
were restored to its original specification — all capacitors replaced, solder joints reflowed, bias reset — 
it would perform very differently from its current state. 

This is not an argument against vintage amplifiers. It is an argument for understanding what is actually 
being compared when the comparison is made. 

12.8  Designing for Longevity — Six Engineering Principles 

Aging cannot be prevented. But its rate and its consequences can be managed through deliberate design 
decisions made at the outset. The following table presents the six primary engineering principles for 
long-term amplifier reliability. 
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Design principle What it means in practice Why it matters for longevity 

Thermal derating Specify every component to operate well 
below its maximum rated temperature 
under worst-case conditions. A capacitor 
rated 105°C should never exceed 70°C in 
service. An output transistor rated 150°C 
junction should never exceed 100°C. 

The Arrhenius equation shows that halving 
the temperature above ambient 
approximately doubles component life. 
Every 10°C reduction in operating 
temperature roughly doubles the lifespan 
of electrolytic capacitors. 

Electrical derating Operate capacitors below rated voltage 
(typically 80% maximum). Operate 
semiconductors below rated current and 
voltage. Design output stages for rated 
power at 80% of supply voltage, not at the 
rail limit. 

Electrical stress accelerates degradation 
through dielectric breakdown, hot carrier 
injection, and electromigration. 
Components operating at their rated limits 
are continuously stressed. Components at 
80% have substantial headroom. 

Component selection Use highest-quality electrolytic capacitors 
available: 105°C rated, low ESR, long-life 
series. Use output transistors from 
established manufacturers with known 
process quality. Avoid second-source or 
unbranded semiconductors for critical 
positions. 

Component quality varies significantly 
between manufacturers and grades. 
Premium capacitors have longer 
electrolyte life, tighter initial tolerance, 
and more consistent aging behaviour. The 
cost difference is small relative to the 
service life improvement. 

Thermal management 
design 

Size heatsinks for rated power at 
maximum ambient temperature, not at 
typical ambient. Ensure airflow paths are 
not obstructed in installed condition. Use 
thermal interface materials correctly 
specified and applied. 

An amplifier specified for 35°C ambient 
that is installed in a rack with poor 
ventilation may operate at 50°C ambient, 
dramatically increasing junction 
temperatures and reducing component 
life. 

Mechanical design Avoid long, heavy components 
cantilevered from PCB without additional 
mechanical support. Use conformal 
coating in high-vibration environments. 
Design for PCB flex: keep heavy 
components away from board edges. 

Solder joint fatigue from mechanical stress 
is a leading failure mode in musical 
instrument amplifiers, which experience 
transportation vibration and stage 
vibration throughout their service life. 

Operating margin Rate the amplifier conservatively. A 500W 
amplifier that is rated and marketed at 
350W operates with meaningful 
headroom. Sustained operation at or near 
rated output is the primary cause of 
thermal stress and early aging. 

Musicians play hard for extended periods. 
An amplifier that can be driven to its actual 
limit regularly will age faster than one that 
operates well below its absolute limit 
during normal use. 

 

The Arrhenius relationship makes the thermal derating principle particularly powerful. Operating a 
capacitor at 70°C instead of 85°C — a 15°C reduction — extends its life by a factor of approximately 
2^(15/10) = 2.83. For a capacitor with a rated life of 5000 hours at 85°C, this translates to over 14,000 
hours of service at 70°C. In a well-designed bass amplifier that runs cooler, these capacitors can last 20 
years of professional use. In a poorly designed one that runs hot, they may fail in 5 to 8 years. 

The operating margin principle deserves emphasis because it is frequently sacrificed in the pursuit of 
marketing specifications. An amplifier that operates at its actual limit during normal use is aging faster 
than an amplifier with genuine headroom. The difference in longevity between a conservatively rated 
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350W amplifier that is actually capable of 500W versus a 500W amplifier running at its absolute limit is 
substantial — in operating temperature, in component stress, and in the rate of all aging mechanisms. 

12.9  Service Life and the Replacement Question 

Every amplifier will eventually need service. The question is not whether components will need 
replacing, but when — and whether the design allows for cost-effective service. 
For electrolytic capacitors — the most time-critical components — a preventive replacement interval 
can be estimated from the capacitor manufacturer's life data combined with the measured operating 
temperature. For a bass amplifier used professionally (say, 500 hours per year of actual operation), and 
with capacitors running at 70°C, a 10,000-hour rated capacitor should be scheduled for replacement at 
around 15 to 20 years of service life. For an amplifier used more heavily or running hotter, this interval 
shortens accordingly. 
For solder joints, the inspection interval depends on use pattern. An amplifier transported regularly in a 
van or flight case experiences more thermal and mechanical cycling than one that sits permanently in a 
recording studio. A proactive reflow of high-stress joints every 10 years is prudent for working 
equipment. 
For semiconductor devices, replacement is generally not required on a preventive schedule — 
semiconductors typically fail catastrophically rather than gradually, and their drift is usually 
compensated by the circuit's feedback. The exception is output transistors in Class A-B amplifiers that 
have been thermally stressed beyond their ratings. 

Practical maintenance questions for working musicians 

Has the amplifier had its capacitors replaced? If the amplifier is more than 10 years old and has never 
been serviced, the power supply capacitors are likely degraded. Replacing them restores transient 
performance and reduces noise. 

 

Does the amplifier sound different warm versus cold? If yes, bias drift from aging semiconductors is the 
likely cause. A service interval is due. 

 

Is there crackling when moving controls or the cabinet? Solder joint fatigue or carbon track wear on 
potentiometers. Both are serviceable. 

 

Has the amplifier progressively lost punch over the years? This is classic capacitor ESR increase. A full 
power supply recap restores most of the original performance. 

 

Is the amplifier original and unserviced from more than 15 years ago? Preventive service is more cost-
effective than waiting for failure on stage. 
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12.10  Design Decisions and the Geriatric Amplifier Problem 

The following engineering decisions are documented here not as claims of superiority but as specific, 
measurable choices with traceable consequences for service life. They are stated because the geriatric 
amplifier problem described in section 12.6 is not theoretical — it is what happens when these decisions 
are not made. 

Power supply capacitors: specified at 105°C, selected for low ESR, and thermally managed to operate at 
or below 70°C in normal service. The consequence of this 35°C operating margin, applied to the 
Arrhenius relationship, is a service life exceeding 20 years at 500 hours of annual use before ESR rise 
becomes audible. An amplifier running the same capacitors at 85°C — the rated maximum, not an 
extreme — reaches the audible ESR threshold in under ten years. The difference is not component 
quality. It is operating temperature. 

Output transistor junction temperatures are specified and verified at worst-case ambient, not laboratory 
conditions. A road rack in a summer venue can reach 45°C ambient. An amplifier specified at 25°C 
ambient and run at 45°C operates its output devices 20°C hotter than the design assumed. Every 10°C 
adds thermal stress. Bias drift accelerates. The crossover region in a Class A-B stage shifts. The amplifier 
begins to sound different from a new unit of the same model — not because it is damaged, but because 
its parameters have moved outside the design envelope. 

Driver excursion per unit: in a distributed array of nine 5-inch drivers, each driver moves approximately 
one-ninth the excursion of a single driver producing the same acoustic output. Surround fatigue and 
spider creep are nonlinear functions of excursion — they accelerate sharply at large displacements. 
Halving excursion does not halve mechanical aging; it reduces it by significantly more. This is 
measurable. It is not marketing. 

What a geriatric amplifier sounds like — and what to do about it 

If your amplifier is more than ten years old and has never been serviced, the following are likely: 
The power supply capacitors have lost capacitance and gained ESR. Every transient is softer than it 
was when the amplifier was new. You have probably adjusted your playing or your EQ to 
compensate without realizing it. 
If the amplifier sounds different cold versus after thirty minutes of warm-up, the bias circuit has 
drifted. Crossover distortion is higher than the original specification. 
If there is crackling when you move the cabinet or any controls, solder joints are failing. This will 
get worse, not better. 
The fix is not a new amplifier. It is a full service: capacitor replacement throughout the power 
supply, solder joint reflow on high-stress joints, bias reset. A competent technician with the 
original service manual can restore a well-built amplifier to within specification. The work costs a 
fraction of replacement and returns the instrument to the performance it had when new. 
An unserviced amplifier is not vintage. It is degraded. The two are not the same thing. 
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12.11  Summary 

Section 12 has established the complete picture of component aging and long-term reliability: 

All electronic components age. This is governed by physics and materials science, not by design quality. 
Design quality determines the rate of aging and the consequences for performance, not whether aging 
occurs. 

The Arrhenius equation governs most degradation mechanisms. The rate of degradation increases 
exponentially with temperature. Reducing operating temperature is the highest-leverage longevity 
design decision — every 10°C reduction approximately doubles component life. 

Electrolytic capacitors are the most time-critical components. They degrade through electrolyte 
evaporation, producing increased ESR and reduced capacitance. ESR increase directly degrades transient 
current delivery, voltage stability, and back-EMF absorption — the exact system properties that 
determine bass amplifier performance quality. 

Solder joints fatigue under thermal cycling. Amplifiers transported regularly experience more thermal 
and mechanical cycling and degrade faster at solder joints than studio equipment. 

Semiconductor parameters drift slowly — threshold voltage, gain, and leakage current. In Class A-B 
amplifiers, bias drift increases crossover distortion. In Class D, switching parameter drift affects 
efficiency and dead time. 

The geriatric amplifier — one that has not been serviced — exhibits predictable symptoms: reduced 
punch, softer bass, increased noise, character change on warm-up, intermittent faults, and reduced 
maximum output. Each symptom has a specific engineering cause. 

Old amplifiers are not vintage wine. The warmth or character attributed to age is often drift, not quality. 
An amplifier restored to its original specification performs very differently from its aged state — usually 
better. 

Designing for longevity requires: thermal derating (operating well below rated temperature), electrical 
derating (operating below rated voltage and current), premium component selection, thermal 
management for worst-case conditions, mechanical design for vibration and thermal cycling, and 
operating margin. 

PJB amplifiers are designed with longevity as a first-order requirement: 105°C rated capacitors operating 
well below their temperature limit, output devices with adequate thermal margin, and component 
selection from established manufacturers with consistent process quality. 

An amplifier should be evaluated not only on how it performs when new, but on how well it maintains 
that performance after 10 to 15 years of professional use. This is the standard that engineering must be 
held to. 

 

An amplifier is not defined only by how it performs when new. It is defined by how well it 
maintains that performance over time. The engineering decisions that determine this are 
made before the first component is soldered. Longevity is a design specification, not a hope. 
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CLOSING NOTE 
 
I have been playing bass since I was eleven. I have been building loudspeakers and amplifiers for over 
fifty years. Those two things are not unrelated. 
This document exists because I have spent five decades frustrated by the gap between what engineers 
understand about these systems and what gets communicated to the musicians who use them — and 
equally frustrated by the gap between what musicians know from experience and what engineers are 
willing to take seriously. 

The bass guitar is the hardest instrument to amplify well. Not because it is technically complex in 
isolation — it is not — but because it sits at the intersection of every difficult problem in electroacoustic 
engineering simultaneously. High current demand. Reactive loads. Large cone excursions. Mechanical 
resonance. Back EMF at low frequencies where it matters most. Transient demands that expose every 
weakness in a supply that looked perfectly adequate on paper. Damping requirements at frequencies 
where most DF measurements are not even taken. 

Getting this right requires thinking about the entire system. The amplifier does not determine the 
sound. The loudspeaker does not determine the sound. The power supply does not determine the 
sound. The system determines the sound — how all of these elements interact in real time, at the 
frequencies that matter, under the transient conditions that real musicians create. 

At Phil Jones Bass, every engineering decision starts from that position. The distributed driver 
architecture, the supply specifications, the output impedance targets, the thermal margins — none of 
these were arbitrary. All of them trace to a clear understanding of what bass amplification actually 
requires, derived from fifty years of doing it. 

I hope this document gives engineers a clearer picture of what they are actually designing, and gives 
musicians a clearer picture of why their equipment sounds the way it does — and why some of it sounds 
better than it should, and some of it not as good. 

It is all physics. It is all explicable. And once you understand it, you cannot unhear it. 

Phil Jones 

www.pjbworld.com 


