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Introduction

« Class-D ampilifiers are widely used in audio amplifiers due to their high efficiency.
« We use class-D with feedback to suppress non-idealities in analog components.

« This presentation discusses how we keep the feedback loop stable while dealing with
variations in the filter components.
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Digital class-D control
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Class-D control
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Digital feedback after the filter

« Feedback after the filter requires LC filter compensation

« We use digital feedback, which has no variability in digital time-constants and is easy
to adapt / reprogram to different LC filters
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ADC for digital feedback

 Adigital loop needs a high-resolution ADC without latency and with low out-of-band
noise because the LC compensation boosts the out-of-band noise.
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ADC for digital feedback

* In [Schinkel, JSSC Dec. 2017] we showed that it is also possible with a specialized
low-latency ADC that has a high-shelving transfer function.
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Compensation filter

« Combining the LC and LLADC compensation filters results in a filter with a mostly flat
response

« Careful design of the compensation filter is still necessary to keep the loop stable
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Compensation filter design

* Our compensation filter can be
implemented as a 2" order filter with
two poles to compensate the LLADC
zeros and two zeros to compensate
the LC filter poles.
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Compensation filter design

Inverted LLADC + LC transfers
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Adaptive LC compensation
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Adaptive LC compensation

« Take the PWM and ADC bitstream as inputs and use an adaptive algorithm to find the
‘unknown’ LC filter coefficients for optimal compensation.
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Least-mean squares (LMS)

« The simplest adaptive filter algorithm is the least-
mean squares (LMS) algorithm.

o Proposed by Widrow and Hoff (1960)

« Minimize the mean square error between (MSE)
between the reference signal d(n) versus the
estimated signal s(n), both based on the same
input signal u(n).

e Can be used to estimate characteristics of an
unknown filter H(z).
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LMS for adaptive LC compensation

desired
response

 We want to estimate the inverse
of the 2" order LC filter, which

u(n) —»{ PWM l

has three coefficients. Hie v
¢ VA
« However, implementing the three H apo>H 1 po e
coefficients as a tapped delay line Y response
(classical LMS) does not work in our 2!
application:

o There is a lot of high-frequency
noise from the PWM and LLADC

o The coefficient sensitivity is very w(n +1) = w(n) + pe(n)x(n)
high because of the oversampling.
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LMS for adaptive LC compensation

u(n) —» PWM i

desired
response

« To make our system more robust,
instead of a tapped delay line,
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LMS for adaptive LC compensation

« By adapting the weights w of this
three-output filter (H,,.), zero locations
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Adaptive LC compensation

« The adaptive LC algorithm continuously updates the coefficients of the LC compensation
filter inside the main amplifier feedback loop.
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Architecture

« The adaptive algorithm runs on dedicated DSPs
that are part of MPS-Axign’s audio controller
chip.

 The DSPs also control the coefficients of the
compensation filter in the loop filters. The loop
filters use dedicated hardware as their sample
rate is 25 Msample/s.

* Oversampled PWM and ADC bitstreams are
decimated using CIC filters prior to processing at
lower sample rates.
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L ewel (Vrms)

« Amplifier spectra show that noise shaping reduces in-band noise up to 20kHz

« Both systems are stable, but the adaptive LC shows less peaking in the out of band noise.
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« When a 2 Q) load is used with the same fixed LC compensation from the previous slide,

 When adaptive LC compensation is used, it becomes stable again.
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* Another side-effect is that we can also obtain the estimated LC transfer
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* The adapted coefficients are also useful for load characterization.
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Conclusions

Adaptive LC filter compensation estimates the LC transfer on the fly
Near perfect compensation of the LC filter dynamics
Robust stability for a wide variety of loads and filter components

No need to redesign the compensation filter when different L, C or R values are used.
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