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Scope

Hifi (high fidelity) stereo systems for households have been 
a “part of furniture” for many years with huge amplifiers and 
loudspeakers powered directly from the electrical grid giving 
them virtually unlimited energy at their disposal.

These analog sound devices are optimized for delivering 
the most lifelike sound reproduction mirroring the original 
recordings from concert halls, sound studios, festivals etc. to 
perfection giving the listener access to very high sound pressure 
levels (SPL) and loudness.

When it comes to today’s portable audio devices like mobile 
phones, portable loudspeakers/sound boxes, audio wearables, 
and basically all battery powered devices capable of delivering 
audio, the situation is different though. These equipment’s 
all have limited access to power, limited space available for 
loudspeaker sizes and overall squeezed to pocket sizes leading 
to a genuine challenge in getting enough loudness and SPL out 
of these small high-tech boxes.

This White Paper deals with the different tools available for 
solving this issue.

Loudness function (analog amplifiers)
 A commonly used feature in Stereo systems for households is the 
amplifier having a loudness function (button activated).
When activating this, the bass frequencies are emphasized/gained for 
making the sound impression more “full bodied” and seem louder. This 
function is also often integrated in the volume control to automatically be 
active at low volume and then degrade as volume is turned up.

The reason for this feature is related to the knowledge of the behavior of 
the human ear, which at low frequencies has a low sensitivity to low sound 
pressure levels and then rises in sensitivity at higher sound pressure levels. 
This has long been documented and is known as the Fletcher-Monson 
curves. See Fig. 1:

Fig. 1 Fig. 2

Fig. 1: Fletcher-Munson Equal Loudness Curves. Fig. 2: Loudness function Compensation Curves.

The loudness function in amplifiers also boosts high frequencies at low 
SPL to compensate for reduced sensitivity to these tones, especially with 
age. Fig. 2 shows loudness curves for typical hearing at ages 20, 40, and 
60.
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Signal compression is probably the most common way of improving 
loudness nowadays. − Basically, all soundtracks are compressed for this 
reason.

First, what is compression? − Compression is a way to make sounds 
appear louder without simply turning them up. So, if you want a sound to 
be louder, why not just turn it up? The simple answer is, there is a hard 
limit to how loud you can turn up before “hitting the roof” of the dynamic 
range of the amplifier.
The dynamic range of an amplifier is the ratio between the largest signal 
it can handle without distortion and the smallest signal just above the 
amplifiers noise floor.

The dynamic range has a lot to do with the “perceived” volume or 
intensity of sound. Humans “perceive” loudness based on the average 
loudness (RMS) of a signal. Therefore, those sounds having a higher 
average loudness (RMS) will be perceived as being louder than a sound 
signal having a higher PEAK intensity. 
 
Fig. 4 illustrates an uncompressed signal:

Soft clipping
Another commonly used principle for increasing the perceived loudness is 
by the introduction of soft clipping in the amplifier. See Fig. 3:

Fig. 3

Soft clipping is rounding off the peaks of transients, allowing for squeezing 
a little extra volume out and thereby helping increase the perceived 
loudness.

Obviously soft clipping introduces a small amount of distortion, but it 
prevents the signal from hard clipping and acts as a form of dynamic range 
compression.

Signal compression

Fig. 4
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On the other hand, Fig. 5 shows the comparison to the same compressed 
signal (exaggerated for clarity):

Smart Amps has the capability to real-time monitor the temperature of the 
voice coil and excursion of the diaphragm in the speaker it drives.

Though, this is only possible, if the amplifier “knows” which loudspeaker it 
is supposed to drive.
Having this “knowledge” of the speaker, the real- time temperature of the 
voice coil and excursion of the diaphragm is controlled by an algorithm 
running in the DSP (Digital Signal Processor) inside the device and 
instantly updating the speaker model in real-time. 

This is visualized in Fig. 6:

Smart Amps
Fig. 5

Signal compression is not the same as file compression used for 
reducing the overall size of an audio file. However, signal/dynamic range 
compression can indirectly impact file size, but the primary goal is to 
improve perceived loudness of audio, not to reduce file size.

Loudness function, soft clipping & signal compression techniques dealt 
with in the above sections of this paper all result in a rise in the RMS 
power level of the supplied signal to the loudspeaker. This, compared 
to the initially non processed signal will stress the loudspeaker both 
on thermal handling in voice coil as well as on increased diaphragm 
displacement (mechanical stress in diaphragm and voice coil wires).
This challenge is of course most severe for micro speakers being very small 
and compact but still capable of handling power level beyond 1W (size 
example: 8x15x2.5mm).

For being able to handle this very genuine loudspeaker reliability issue, we 
fortunately today have access to Smart Amps.

Fig. 6
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The knowledge of the specific speaker must be delivered by the 
manufacturer of the speaker and a list of the needed parameters are 
shown in Table 1:

The linear parameters (Thiele- Small) for the micro speaker mounted in the 
sealed box are measured by manufacturer (Ole Wolff) as can be seen in 
table 3:

Table 1

As a case study, we describe the 
Ole Wolff OWS-111525TA-8C 
micro speaker (11×15×2.5 mm) in a 
sealed box. See Fig. 7:

Table 2 contains the maximum 
allowed parameters for excursion of 
the membrane and maximum voice 
coil temperature (supplied by Ole 
Wolff):

Micro speaker OWS-111525TA-8C mounted 
into a sealed box.
(Blurred to protect customer confidentiality).

Fig. 7

Table 2

Table 3



Conclusion
Referring to the scope in this paper mentioning the audio 
performance target for the “old fashioned” hifi systems in 
households, namely the most life-like sound reproduction 
mirroring the original orchestra recordings to the utmost, and 
following the timeline to today’s portable audio devices, the 
audio performance target has moved significantly.

Due to loudness enhancement, audio compression etc. the 
sound signal does not represent the original recorded soundtrack 
to a very high degree anymore but has all the focus on loudness.

This seems to be a fair trade off. Otherwise, all these portable 
devices capable of delivering sound “on the run” would fall short 
of the audio performance expected by consumers of pocket-
sized sound units.

Ole Wolff being a major supplier of micro loudspeakers for 
all portable sound devices, offers all the specific loudspeaker 
parameters on all their micro-speaker models needed for the 
smart Amp to “handshake” with the specific micro loudspeaker 
chosen for a given project.

This assuring the highest level of loudness possible in any 
portable sound device without sacrificing short as well as long 
time reliability of the audio performance.
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Finally, a thermal network for the micro speaker inside the box is derived 
based on Klippel AN19 document. See Fig. 8:

Fig. 8

By feeding all these data into the data storage of the Smart Amp, the 
Smart Amp can “handshake” with the micro speaker in real-time assuring 
that the electrical signal supplied will go to the limit of the micro speaker’s 
handling capacity but never exceeding these limits.

The result is, as mentioned, that the speaker box can deliver the optimal 
loudness possible and thereby the best ratio of SPL/space occupied in the 
specific audio device.


