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Psychoacoustic Model Based Adaptive
Impedance Speaker Power Management System
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Audible devices such as cell phones or televisions tend to produce
higher speaker output power and achieve higher sound quality.
Especially the portable devices featuring ultra slim and light in recent
years, system power efficiency and speaker size are main concerns
also. Mobile device speakers nowadays are relatively small and
fragile. Hence, optimizing the signal-to-noise and distortion ratio
(SNDR), maximizing output signal power with small size speakers and
providing reliable protection simultaneously is the ultimate aim for

audible systems.

As shown in Fig, when a sound is so loud that loading speaker could
be damaged, there are two methods to solve the problem traditionally,
signal clipping and AGC. Clipping methods include soft clipping and
hard clipping. Soft clipping suffers less distortion than hard clipping;
however, hard clipping can suppress more power. Both methods
have drawbacks. Although clipping input signal is the simplest way
to reduce power, it produces abundant extra harmonic components
compared to unclipped input signal, especially during hard clipping.
Thus, signal clipping greatly increases THD during continuous high
output power operation. In addition, clipped signal experiences
amplitude compression, whereby all notes would be sound equally
loud because the louder notes are clipped to the same output level
as softer notes. On the other hand, although AGC pose little negative
effects on THD, it is not an effective technique to suppress audio
signal. AGC diminishes full band of audio from 20 Hz to 20 kHz over
a period of time without taking dynamic loading impedance (DLI)
characteristics into account. Besides, according to human hearing
model, it does not necessarily to suppress every frequency band. The
proposed psychoacoustic model based APM system can process audio
signal in z-domain instead of time domain. For example, with a five-
tone input signal, APM can suppress the higher two main tones in
z-domain without affecting other tones. Moreover, with the z-domain
RT-DLI monitoring, accurate power control, low exceed distortion and
highly efficient speaker protection can be accomplished concurrently.

And the defects of traditional ways mentioned above are also revealed.

Clipping method generates lots of external noise points, which results
in loud noise at output. On the other hand, the points within the
dash line square in AGC will not damage a speaker; however, they are

suppressed also. Consequently, power efficiency is decreased.
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Fig.1 > Adaptive Speaker Impedance Power Management System
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Fig.2 > Traditional and proposed methods of audio signal power
suppression.



