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Introduction 

Many active sound applications have emerged over the last 

decades, starting from general sound enhancement with 

equalizers, compressors, limiters proceeding to more complex 

DSP tasks like active echo cancellation (AEC), active noise 

cancellation (ANC), or 3D sound processing such as acoustic 

contrast control (ACC). All these applications have in 

common that they deal with the loudspeaker as a black box 

system transferring the input voltage u(t) at the speaker 

terminals to an output sound pressure p(t, r) at a certain 

position r in the sound field. The complexity of modeling the 

loudspeaker is usually kept on the low level of a linear time-

invariant (LTI) system, neglecting any time variances and 

nonlinear distortion generation certainly present in 

loudspeakers. 

State-of-the-art algorithms are basically limited in their 

performance due to the inherent nonlinear properties of 

loudspeakers creating nonlinear distortion [1] in the 

reproduced sound, which renders the LTI assumption partly 

invalid. 

There are different strategies applied to cope with loudspeaker 

distortion in active sound applications. The simplest option is 

to rely on passive speaker designs with sufficiently linear 

transfer behavior for the desired sound quality and capability 

of the algorithm. Unfortunately, that usually comes with the 

drawback of larger speaker size, lower efficiency, and higher 

cost. Therefore, in recent years, significant research has been 

done in the field of active linearization of speakers using 

nonlinear signal processing. Generic "black-box" approaches 

like Volterra series [2] and neuronal networks offer little 

practical value for loudspeaker control due to their excessive 

use of calculation resources or limited performance [3]. 

Servo-control approaches have neither been successful on 

larger scale due to problems of stability. Instead, major 

advancements have been reached by employing nonlinear 

adaptive control with mirror filtering [4], [5] providing the 

desired linear and time-invariant properties of the loudspeaker 

under control along with other benefits. 

Nonlinear Adaptive Loudspeaker Control 

Figure 1 shows an implementation of an adaptive, nonlinear 

controller providing a desired linear time-invariant transfer 

behavior between digital audio signal input w(t) and sound 

pressure output p(t, r). 

The digital audio signal passes through a sequence of three 

subsystems, out of which the first is a linear filter providing 

an equalized and constant frequency response over the 

lifetime of the loudspeaker system. 
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Figure 1: Nonlinear adaptive loudspeaker control system 

The second block is a highly time-variant, linear system 

providing protection of the speaker against mechanical and 

thermal overload [6]. 

The nonlinear subsystem just before the power amplifier 

linearizes and stabilizes the loudspeaker and significantly 

suppresses nonlinear distortion in the output signal. The 

power amplifier has a constant gain and is preferably DC-

coupled so that low-frequency compensation signals can be 

delivered to the transducer.  

The transducer input current i(t) is measured by an electrical 

sensor (e.g. resistor, which can be implemented at low cost 

and with high robustness) and used for identifying the time-

variant properties of the transducer. The algorithm adjusts the 

audio processing to the varying conditions via a continuously 

updated transducer parameter vector P, which is fed back 

inside the nonlinear adaptive control system. Note that the 

signal path itself is feed-forward, which makes this controller 

architecture inherently stable. 

Adaptive nonlinear control provides numerous advantages: 

 It maximizes the acoustical output of loudspeakers 

since the available voice-coil-swing can be utilized 

until the physical limits, thanks to a highly accurate 

mechanical protection and voice-coil stabilization. 

Thus, the lower end of the frequency response can be 

equalized safely for maximized bass reproduction. 

 Effective reduction of nonlinear speaker distortion 

(linearization) renders pleasant and smooth sound. 

 The combination of linearization and protection 

provides new freedom in the passive speaker design. 

Smaller, lighter and cheaper speaker units can be 

engineered ("Green speaker design" [7]). 

 The adaptive controller design ensures a constant 

transfer function, compensating for any change in 

material properties such as variations of suspension 

stiffness due to shifting temperature or aging. 
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 The model uses physically meaningful parameters 

and carries highly accurate information about the 

internal states of the loudspeaker. These can be 

shared and interpreted among interconnected 

speaker modules and DSPs for load-balancing and 

diagnostics. 

Figure 2 shows the reduction of broadband nonlinear 

distortion generated by a 1/12th octave multi-tone signal. The 

speaker was operated at the maximum possible excursion 

without activating the built-in protection system. The 

nonlinear distortion is reduced considerably by up to 15 dB 

with control enabled. 
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Figure 2: Broadband distortion (multi-tone stimulus) with 

and without active control. Also a slight compression effect 

is visible. 

The new opportunities adaptive nonlinear speaker control 

provide for adjacent sound enhancement algorithms will be 

discussed in the following chapters. 

Active Echo Cancellation 

Active echo cancellation (AEC) is applied to remove the 

acoustic contribution of a known audio playback 

("reference"), r from a simultaneously captured microphone 

signal y, see Figure 3. The purpose is to get a clean recording 

of the transmitted signal t containing the contribution of an 

external speaker s for echo-free communication or sensitive 

speech recognition in voice user interfaces (VUI). 

 

Figure 3, Typical AEC setup 

AEC always includes an adaptive filter model with the 

transfer function Hd’,r between audio playback signal r and the 

microphone signal y to create the compensation signal d'. That 

adaptive filter attempts to describe the merged transfer 

functions of DAC, amplifier, loudspeaker, sound propagation, 

microphone, and ADC as one linear time-variant black-box 

system. 

Unfortunately, the passive loudspeaker in this chain can be a 

rather nonlinear element, especially at higher signal 

amplitudes. Hence, the performance of the complete AEC 

algorithm is inherently limited by the nonlinear signal 

distortion created by the loudspeaker. Compensating the 

distortion through modelling based on the accessible state 

signals r and y is very challenging since these states are far 

away from the generation process of the distortion inside the 

motor and mechanics of the loudspeaker driver. 

A more promising approach would be to choose a different 

reference signal r where the distortion is already included, but 

not yet the desired speech signal s. Actually, measuring the 

voice coil movement directly with an optical or capacitive 

sensor or placing a high-AOP microphone [8] very close in 

front or behind the loudspeaker membrane provides a 

reference signal r with better conditions to suppress also 

loudspeaker distortion with AEC. Anyhow, adding sensors to 

the system will reduce robustness and add cost. 

 

Figure 4: AEC setup with adaptive nonlinear control 

Instead, adaptive nonlinear transducer control, see Figure 4, 

can compensate the distortion generated by the loudspeaker 

more universally, removing not only the distortion in the 

recording t but also in the reproduced sound d leading to a 

higher sound quality for the listener. 

The reference signal r provided to AEC processing should 

already include the contribution of any other nonlinear sound 

processing like limiters, DRC, or protection systems. The best 

reference signal is extracted just before the compensation 

distortion signal is added to perceive a linearized transfer 

function Hd,r. Please note that also the time variance of the 

active system is compensated due to the constant adaption to 

the present loudspeaker parameters. Although a time-

invariant loudspeaker is not mandatory for an AEC algorithm, 

the increased robustness of the adaption process is 

appreciated. 

The effect of nonlinear loudspeaker distortion on the AEC 

performance is evaluated in an experiment where a small 

loudspeaker is playing music at a maximum level while an 

AEC algorithm tries to remove that music again from a 

microphone recording of the sound field. Firstly, the AEC 

performance is assessed without nonlinear control. The 

spectrogram of the residual recording t is shown in Figure 5. 

At time t=2s, the music is turned on, and the AEC algorithm 

starts adapting its filter to suppress the loudspeaker output in 

the recording. After about two more seconds, most of the 
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music content is removed in the residual. However, the 

frequency range of 100Hz-400Hz is repeatedly polluted by 

peaks in the recorded signal, which AEC cannot remove. 

Those peaks correspond to the music's bass content, creating 

significant nonlinear distortion in the loudspeaker, which are 

here dominantly found in the frequency range close to the 

loudspeaker resonance frequency of around 250Hz. 

 

Figure 5: Spectrogram of residual recording t 

When the measurement is repeated with adaptive nonlinear 

control, the AEC algorithm can suppress the music in the 

residual recording much better, and the initial convergence 

time is halved, see Figure 6. 

 

Figure 6: Spectrogram of residual recording t with KCS On 

The frequency range where the distortion reduction is 

dominant lies in the range of the human voice where e.g. an 

adjacent voice recognition system would benefit most from a 

good AEC performance. Also, the temporal occurrence of the 

nonlinear distortion has to be considered. Rare bass punches 

in the music may only randomly coincide e.g. with a spoken 

wakeup-word to be processed. Though, if permanent low-

frequency content produces high harmonic distortion, the 

speech recognition will be severely impaired without adaptive 

nonlinear control. This might be the case, especially in 

applications where AEC is combined with ANC, as detailed 

in the next chapter. 

Active Noise Control 

Active Noise Control (ANC) is a technology for defeating 

undesired external sound by an electroacoustic transducer 

delivering a phase-inverted representation of the undesired 

sound to a defined region (silent zone) or the entire sound field 

(global control) [9], see Figure 7. 

ANC technology is commonly used in noise-canceling 

headphones and in automotive applications such as active 

exhaust mufflers, active engine sound design or suppressing 

road-induced noise inside passenger cabins [10]. 

 

Figure 7: Typical feed-forward ANC setup 

Significant voice coil displacements are required to generate 

the acoustical air volume required to cancel low-frequent 

road-induced noise. At the same time, low levels of speaker 

distortion are acceptable in the speaker's proximity to the 

passenger's ear. These requirements are hard to fulfill in 

traditional speaker design but align with the benefits of 

adaptive nonlinear loudspeaker control. 

The performance of the noise suppression is highly dependent 

on the accuracy of both amplitude and phase in the reproduced 

compensation signal in the silent zone. The obtainable phase 

accuracy determines the usable frequency range, so audio 

processing with very low latency is crucial [11]. 

Adaptive nonlinear control is capable of providing 

linearization and reliable speaker protection with virtually 

zero latency (< 0.1ms). Artifacts from protection system 

activation are low and can be entirely avoided by spending a 

few milliseconds of look-ahead-delay. Concerning amplitude 

accuracy, compression effects at high amplitudes are 

compensated by active linearization as well as temporal 

changes in speaker parameters which ensures a precise 

reproduction of the desired compensation signal. 

At the same time, the resulting linear and time-in variant 

transfer function of the active system Hq,y enhances the 

accuracy for modelling the paths C(f) and F(f) inside the ANC 

algorithms, see Figure 7. This is especially beneficial when an 

online updating of modeling these paths is impossible due to 

insufficient excitation conditions or a strong correlation of the 

disturbance source with the compensation signal [12]. 

 

Figure 8: Signal flow for audio and ANC signal 

Usually, both general audio signals and ANC compensation 

signals are played back via the same active audio system. Here 

separate input channels allow for individual optimization 

regarding audio quality and processing delay, see Figure 8. 

Also, the available system resources can be better managed 
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with an appropriate budgeting strategy for both applications 

i.e. giving priority to audio or ANC signal reproduction. 

3D Sound Application 

3D sound design is based on an increasing number of 

(decentral) loudspeakers. The 3D processing algorithms 

commonly rely on linear, time-invariant speakers to achieve 

stable sound images or spatial cancellation for acoustic 

contrast control (ACC). 

 

Figure 9, Multi-channel processing with active nonlinear 

control 

Active nonlinear control supports these algorithms by 

creating virtually identically active systems with linear and 

time-invariant behavior, see Figure 9. 

If one of the active systems encounters an overload situation 

and activates its protection system, a synchronization 

mechanism can apply the same linear response to all other 

linked channels. This may temporarily decrease the overall 

sound level but does not degrade 3D sound imaging. Also, the 

diagnostics feedback from all channels can be collected 

centrally and used for overall balancing. That is especially 

helpful to mitigate time variances due to compression at 

higher amplitudes, caused by mechanical or thermal 

limitations [13] (reversible short-term changes) as well as 

variances due to aging [14] and production [15] (irreversible 

long-term changes). 

Conclusions 

Adaptive nonlinear loudspeaker control using mirror-filtering 

provides linear, time-invariant properties and efficient 

protection to active loudspeaker systems, which can thus be 

designed with higher efficiency, saving weight, cost, and 

packaging space. The specific benefits for adjacent signal 

processing algorithms like AEC, ANC and 3D Sound have 

been discussed. Among these are improved performance, 

consistency, reliability and simplicity of system design. 

Commercial implementations of this technology are available 

as software [16] and silicon-integrated [17]. 
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