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Introduction

Delivering loud, immersive sound from thin, lightweight devices is challenging because microspeakers face strict 

loudness ceilings. To prevent blown voice coils or torn diaphragms caused by high voltage, designers traditionally 

cap peak volume well below a speaker’s rated power, restricting achievable sound pressure level (SPL). This limitation 

also affects larger speakers in Bluetooth devices and soundbars. Smart audio amplifiers address this by fusing a 

high-precision IV-sense analog-to-digital-converter (ADC) front end with real-time DSP and protection algorithms. By 

intelligently overdriving speakers for short durations within a safe zone, a smart amplifier allows hardware to reach its 

true physical limits, delivering 8dB to 10dB higher perceived loudness and deeper bass.

The physics of microspeaker vulnerability

A standard microspeaker consists of a voice coil suspended in a magnetic field, attached to a diaphragm (or cone) and 

held in place by a suspension system. When an electrical signal passes through the coil, it creates an electromagnetic 

force that moves the cone, vibrating the air to create sound. See Figure 1.
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Figure 1. Microspeaker construction
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When engineers increase audio output in these tiny components to produce louder sound, they encounter two 

catastrophic failure mechanisms: thermal overload and mechanical over-excursion.

From a thermal perspective, loudspeakers are highly inefficient, where 95% to 99% of input electrical energy becomes 

heat rather than sound. Thus, continuous high-voltage signals can push the voice coil past its rated temperature (Tmax), 

melting the wire insulation and causing electrical shorts. Mechanically, producing bass at high volumes requires large 

cone excursion; if the drive voltage pushes the cone past its physical travel limit (Xmax), the suspension can stretch 

beyond its elastic limit, letting the voice coil strike the magnet’s backplate (bottoming out) or tearing the diaphragm from 

its surround and causing distortion, buzzing or total acoustic failure.

Traditional versus smart approaches to audio design

In a traditional audio design, engineers cap the peak audio power at the speaker’s continuous rated power to ensure 

safety. This static voltage ceiling forces the entire signal down to a defensive floor, resulting in low volume and weak 

bass.

A smart amplifier constantly monitors the state of the speaker and adapts its output in real time. By understanding 

exactly how hot the voice coil is, and exactly how far the diaphragm is moving at any given millisecond, a smart amplifier 

can safely drive speakers with high-voltage peaks that would instantly destroy it under a traditional system.

A smart amplifier algorithm dynamically modulates loudness, allowing for 8dB to 10dB higher peak loudness SPL by 

ensuring that the speaker’s estimated excursion stays within Xmax and that its estimated voice coil temperature stays 

within Tmax. The algorithm only pulls back the energy when the speaker actively approaches a literal breaking point. See 

Figure 2.
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Figure 2. Smart amplifier system architecture

Specialized sensing hardware, together with an acoustic software model running on the DSP, form a real-time feedback 

loop that enables the amplifier to adapt its output on the fly.

Integrated IV-sense circuitry

Smart amplifiers utilize current and voltage (IV)-sense circuitry. After integrated analog-to-digital converters (ADCs) 

capture the exact voltage applied to the speaker and the exact current drawn by it, the system computes the speaker’s 

electrical impedance (Z = V / I) in real time. Dynamic impedance changes – driven by temperature and mechanical 

movement – provide the raw sensory input for protection algorithms.

The ADC’s conversion range is set to ensure that it is possible to sense the full-scale audio signal played through the 

amplifier. High-precision hardware ensures maximum utilization of the speaker’s loudness. Any current or voltage sensing 
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error is a direct hit to loudness, since the speaker protection algorithm would need that much additional error guard 

banding to never breach the Xmax and Tmax limits.

A typical ±0.35% error results in ±1℃ error in the voice coil temperature estimation through IV sensing. TI’s TAS2781, 

TAS2783, and TAS2573 ADCs achieve high accuracy in IV sensing, resulting in minimal guard-band requirements for 

temperature and excursion. A high signal-to-noise ratio (SNR) and dynamic range (DNR) avoid sensing errors and 

reproduce the audio content through the speaker with high fidelity. See Figure 3.

Figure 3. The co-working of hardware and software in a smart amplifier

The VSNSP and VSNSN pins of the device sense the voltage across the speaker. These are sense lines that must be 

connected as close to the speaker terminal as possible to ensure accurate measurement.

Since the voltage across the speaker in a Class-D amplifier is a high-voltage switching node, the IV-sense ADCs require 

a high common-mode rejection ratio analog front-end circuit to extract the audio content from the switching voltage and 

to convert the high voltage to a lower voltage for precision sensing. Sigma-delta or successive approximation register 

ADC circuitry senses this low-voltage audio content to extract precise IV information. The ADC output is typically at a 

much higher frequency, such as 3MHz, since the data ADC is oversampled to achieve high SNR and DNR. The ADC 

output data is decimated down to the audio rate (48KSPS) and high pass-filtered to remove the DC content (if any), 

before being used by the SmartAmp algorithm running in the integrated DSP of the TAS2781, TAS2783, or TAS2573.

Phase-matching the I and V audio channels to high precision – within <±1µs – enables highly precise real-time estimation 

of the speaker impedance. The IV-sense data can also be monitored by the user and brought out on TDM SDOUT pins 

or through the Soundwire data interface.

The DSP is the brain of a smart amplifier. It hosts the speaker protection algorithms, running complex mathematical 

models of the loudspeaker alongside real-time predictive filters. The DSP acts as a gatekeeper, modifying the incoming 

digital audio stream on the fly based on the telemetry provided by the IV-sense hardware.

For a smart amplifier to work, it must be calibrated to the specific loudspeaker it is driving. Audio engineers use 

specialized diagnostic tools to characterize the target microspeaker in an acoustic chamber. They measure its thermal 

resistance (RE), resonance frequency (f0), mechanical damping (Qms) and magnetic strength (Bl). Programming these 

parameters into the DSP serves as a model for the speaker to create a customized safety envelope. TI’s PurePath™ 

Console 3 audio toolkit provides calibration, modelling, and end-system tuning support.
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The temperature protection algorithm

Thermal protection in a smart amplifier relies on the physical law that the electrical resistance of a metal conductor 

changes predictably with temperature. This is known as the temperature coefficient of resistance (α).

As a voice coil heats up, its RE increases linearly, and the smart amplifier’s IV-sense hardware isolates this resistance 

from the measured impedance. Equation 1 solves for the coil’s internal temperature:Rdc T = RE T0 1 + α T − T0 (1)

where RE (T) is the measured resistance at current time T, RE (T0) is the baseline resistance from factory calibration, and α 
is the coil material’s temperature coefficient of resistance (such as copper).

This eliminates the need for bulky, slow-responding physical thermistors.

This measurement is invoked only periodically – a checkpoint reading rather than a continuous stream – for two reasons: 

it is less trustworthy at low output levels or during low-to-high power transitions (noise-limited signals, settling error 

and offsets), and running the sense ADC and its analog front end continuously would consume unnecessary power, 

especially in battery-powered, low-volume listening.

Thermal modeling and control

Because the RE measurement only arrives periodically, the algorithm needs a way to know the voice coil’s temperature 

continuously, in the gaps between measurements. The solution is a predictive thermal model – a multistage resistor-

capacitor thermal network (see Figure 4). This model simulates heat transfer from the voice coil to the speaker magnet 

structure, and finally to the device’s chassis and ambient air, and it runs at the full control-loop rate. Each time a new, 

IV-sense-based RE reading arrives, re-anchors the model, and corrects any drift accumulated since the last checkpoint.
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Figure 4. Loudspeaker predictive thermal model

By tracking heat dissipation paths in this way, the algorithm can predict how fast the temperature will rise during an 

upcoming audio peak and how quickly it will cool down during a pause. This estimate feeds a power controller that 

enforces the safe operating limit of the audio signal continuously and without interruption. As the estimated voice 

coil temperature approaches the Tmaxof the loudspeaker, the controller reduces the permissible limit to protect the 

loudspeaker from overheating. When the loudspeaker cools down during soft audio segments, the controller will allow 

higher-power delivery to the loudspeaker.
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The thermal protection algorithm controls the audio signal based on the power limit predicted by the thermal controller, 

applying a smooth, broadband gain reduction that lowers the overall root-mean-square (RMS) power delivered to the 

speaker so that the voice coil can cool down without abrupt, audible drops in volume. This gain reduction uses slow 

attack and release times; because human hearing is less sensitive to gradual changes in overall volume, the attenuation 

blends seamlessly into the background, preserving the perceived dynamics of the audio. See Figure 5.
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Figure 5. Closed-loop temperature protection

In Figure 6, the blue curve represents the smart amplifier’s estimated temperature, while the red line indicates the Tmax 

limit. The amplifier dynamically modulates the audio to ensure that the speaker is always within reliable temperature 

limits (leaving some headroom for IV-sensing errors).

Figure 6. Smart amplifier temperature estimation vs the Tmax limit
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The excursion protection algorithm

Unlike thermal protection, which deals with slow-moving thermal masses and RMS power, excursion protection is highly 

volatile. A speaker cone can travel from rest to maximum over excursion within a single waveform cycle in a fraction of a 

millisecond.

Because putting a physical laser displacement sensor inside a smartphone to track speaker cone movement is 

impossible, the smart amplifier relies on a mathematical simulation of the speaker mechanics. This is based on Thiele-

Small parameters and linear state-space models of the transducer. See Figure 7 and Table 1.
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Figure 7. Electromotive model of a loudspeaker

Electromotive parameter Description

Rms Mechanical damping factor

Mms Mechanical mass

Cms Mechanical compliance

BI Force factor

RE DC resistance of the voice coil

LE Inductance of the voice coil

u Amplifier voltage

i Voice coil current

v Velocity of membrane

F Mechanical force in magnetic field

x Magnetic excursion

Table 1. Main parameters in a speaker electromotive model

The algorithm uses real-time current and voltage data to calculate the back-electromotive force (back-EMF) generated 

by the speaker's movement. After combining back-EMF data with the “digital twin” speaker model, the DSP runs an 

observer loop such as a normalized least mean square filter to update the model in real time. The speaker model is used 

to calculate the instantaneous physical displacement (x) of the cone using an excursion predictor voltage-to-excursion 

filter (Equation 2):

Zexc s = X sV s = BlMmsRE × 1
s2 + s × Rms + Bl2ReMms + 1MmsCms

(2)
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Look-ahead limiter

If a low-frequency bass transient (such as a snare drum hit or an explosion in a movie) threatens to push the cone past 

its Xmax, the excursion protection algorithm deploys rapid, targeted countermeasures. A brief digital delay buffer (typically 

a few milliseconds) enables the DSP to see a dangerous peak before it actually reaches the amplifier stage, giving the 

algorithm time to apply a precise, instantaneous peak attenuation to that specific waveform cycle. See Figure 8.

Look-Ahead Delay Buffer Voltage Limiter

Excursion Predictor
V2X Filter Digital Twin Observer Loop

Audio Path

I / V Sense

Xmax

Figure 8. Closed-loop excursion protection

In Figure 9, the blue curve represents the smart amplifier’s estimated excursion, while the red lines indicate the Xmax 

limits. The amplifier dynamically modulates the audio to ensure that the speaker is always within reliable excursion limits.

Figure 9. Real-time excursion tracking relative to the Xmax limits

Integrating the audio tuning chain

Unlike conventional audio designs that use the equalizer (EQ) and dynamic range compressors (DRCs) as aggressive 

limiting tools to ensure safety of the microspeaker, the smart amplifier paradigm enables true artistic tuning of the audio 

signal chain. For example, tuning engineers can use the parametric EQ to aggressively boost low frequencies (bass 

extension) and make tiny smartphone speakers sound like a much larger acoustic enclosure. The EQ can also flatten 

response peaks to optimize vocal clarity.
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A smart amplifier also uses multiband DRCs aligned with its protection models, splitting the audio into distinct low, mid, 

and high bands. Designers can optimize the mid and high bands for maximum perceived loudness, crisp dialogue and 

wide spatial imaging. The low band is tightly coupled with the excursion model in order to provide the optimum bass 

response based on the actual physical displacement of the cone.

Smart amplifiers enhance loudness and frequency response by safely maximizing speaker output, providing advantages 

in hardware performance, design, and reliability. Specific benefits include:

• Extended low-frequency response: Instead of rolling off bass permanently with a static hardware filter, smart 

amplifiers use an intelligent, sliding bass extension strategy. At low volumes, the bass extends deep into lower 

frequencies. As the volume increases, the look-ahead limiter activates only as much as needed to prevent over-

excursion, retaining maximum possible bass presence across all volume levels.

• Component optimization and space savings: Because software handles protection, product designers can source 

smaller, thinner speaker modules, freeing up space inside tight device enclosures for larger batteries, advanced 

camera sensors, or slimmer product profiles.

• Near-zero field return rates: By acting as a reliable digital shield against scorched voice coils and torn diaphragms, 

smart amplifiers drastically reduce hardware failures and save millions in warranty support costs and field return 

claims.

Figure 10 shows a comparison of loudness and frequency response, comparing smart amplifiers versus traditional 

amplifiers.

Figure 10. Comparison of loudness and frequency response of smart amplifiers vs traditional non-smart amplifiers

Conclusion

By replacing passive safety margins with active, hardware-software co-driven surveillance, smart amplifiers bridge the 

gap between fragile microacoustics and consumer demand for powerful, high-fidelity sound. Through real-time current 

and voltage sensing, nonlinear thermal and mechanical modeling, and audio engineering, these systems successfully 

push microspeakers to their absolute physical boundaries. The result is a generation of smartphones, laptops, and smart 

home devices that sound remarkably loud, rich, and full, all while maintaining component reliability.
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Additional resources

• Check out this smart amplifiers presentation from CES 2015.

• Read the application reports, “Smart Amp Tuning Guide,” “Smart Amp Quick Start Guide” and “Getting Started 

with Smart Amp Development.”
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