The Basics of High Fidelity
Part 3: The Ideal Loudspeaker, Diffuse Field Equalization
Part 1 dealt with the problem of transparency, Part 2 with the problem of applying this
idea on the transduction of audio into sound. In this part we will elaborate further on
the idea of transparency in order to be able to design the ideal loudspeaker system.
In Part 2 I have explained the two basic definitions of transparency when listening to
a loudspeaker (or headphone), one related to the ideal “here and now” (augmented
reality) and one related to the ideal “there and then” (virtual reality). The “here and
now” transparency creates the illusion that the sound source is present in the room
where you are sitting while “there and then” creates the illusion that you are present at
the place where the recording was made. These two different transparency ideals can
never be fulfilled at the same time and require complete different designs of the
recording and reproduction chain.
In general we will choose for the illusion “there and then” because of the wonderful
acoustic designs of concert halls that allow for optimal acoustic integration of the wild
radiation patterns of musical instruments. When pursuing this ideal with a
loudspeaker we will have to deal with the acoustic environment of our reproduction
room, so one would be tempted to use headphone reproduction. However there are
severe limitations in using headphones:
• Acoustic recordings are seldom made with an artificial head, and even if they
are made with an artificial head, the adaptation of such a recording towards the
individual HRTF’s of a listener is extremely difficult (Head Related Transfer
Functions, one for the left and one for the right ear). The role of binaural and
monaural de-colorization of a sound field is under estimated.
• Low frequencies are for a major part perceived with our body so we miss the
low frequency impact.
• Head movements are difficult to take into account.
• The ideal wearing comfort does not exist, we feel excluded from our natural
environment.
So we are stuck with our loudspeakers, but new smart signal processing techniques
are currently promising to solve the reproduction transparency problem using wave
field synthesis. A very expensive solution that seldom can deal correctly with the
room reflections in the reproduction room. And what about the straight forward
surround (5.1, 7.1, 22.2 or X.Y) approach? Well, they require special recording
techniques and in general the whole surround approach is focused on movies where
back localization can be important, contrary to music reproduction, where back
localization is irrelevant and often leads to annoying degradations that can be
characterized as ”hearing things jumping around”. With music reproduction the focus
should be on the feeling of immersion. A simple method for improving the feeling of
immersion, using standard stereo recordings, will be given in Part 7.
For all types of loudspeaker reproduction, mono, stereo, surround, multichannel, we
have the problem that the reproduction room determines the diffuse field response and
the use of standard room equalization will introduce more problems than it solves. A
basic loudspeaker problem, the frequency dependent bundling of the sound, is the root
cause of this problem. As you probably know the bundling of a sound depends on the

ratio of the wavelength that is reproduced and the physical dimensions of the object
that radiates the sound. First formulated by Huygens in 1678, the bundling can be
visualized by drawing secondary circular waves at each point of a wave front. When
the object that is radiating the sound is small compared to the wavelength of the
sound, the resulting radiation is circular, e.g. when reproducing low frequencies with
a normal loudspeaker. When the object that is radiating the sound is large compared
to the wavelength, the radiation pattern is progressively more bundled. A simple
solution to the bundling problem is to use a small loudspeaker (tweeter) for the high
frequency range. However in the cross-over frequency range, where the tweeter takes
over from the woofer, we get a dip in the diffuse field response. Just below the crossover frequency we have strong bundling and just above the cross-over frequency we
have almost no bundling.
If we use a standard equalizer, to get a flat frequency response at the listening
position, we will introduce an even bigger problem than we are trying to solve, the
direct, on axis frequency response will now show a peak at the cross-over frequency.
Because our perception is dominated by the first wave front (the so called Haas effect)
the resulting sound reproduction of the system will be unnatural (see Figure 1).

Figure 1. Frequency characteristic of a classical two-way loudspeaker reproduction
system. If we do not use any equalization we get a dip in the frequency response at
the listening position (direct+diffuse field, Figure 1a). If the response is equalized to
be flat the resulting direct, on axis, response will show a peak at the cross-over
frequency (Figure 1b).
The correct way to equalize the sound field is to use a second set of loudspeakers
placed behind the main loudspeakers and apply the equalization only to this second
pair of loudspeakers (see Figure 2). By manipulating the power division between the
back and front radiating loudspeakers one can balance the diffuse field according to
ones preferences, while at the same time keeping the direct+diffuse field response flat.
The most striking error in expensive surround systems is that they provide
measurement microphones and measurement signals to equalize the reproduction
chain but without separating the direct and diffuse field transfer function.

All consumer surround systems that I know of are only useful in providing side and
back localization as required with movie sound. For music reproduction side and back
localization are almost never required and to the despair of many HiFi freaks standard
consumer surround systems often provide disturbing artifacts when used for music
reproduction. Only in rare occasions, e.g. when reproducing some obscure
Stockhausen piece, side and back localization are an advantage. The general
preference with surround sound for music reproduction is to use the side and back
loudspeakers only for diffuse field reproduction in combination with some kind of
diffuse field equalization. The first ideas of diffuse field equalization were already
formulated in the eighties and implemented in a loudspeaker design [1], but I have not
seen any modern surround system on the market using this approach.

Figure 2. Frequency characteristic of a classical two-way loudspeaker reproduction
system. If we do not use any equalization we get a dip in the frequency response at
the listening position (direct+diffuse field, Figure 2a). If the response is equalized
using only the second set of back radiating loudspeakers the resulting response is flat
for both the direct field as well as the direct+diffuse field (Figure 2b).
A problem in assessing the reproduction quality of a loudspeaker system, where
degradations caused by the reproduction room play a significant role, is that the
transparency measurement approach as explained in Part 1 is difficult to implement.
We do not have a reference signal that can be used as an ideal in the comparison.
Loudspeaker reproduction quality assessment by subjects is always based on an
unknown, internal, ideal reference that is formed by their listening experience. If we
want to develop an objective perceptual assessment, equivalent to the one described in
Part 1, we will need to construct an ideal reference signal. This can be carried out by
making binaural recordings with a head and torso simulator of a set of music signals,
using the best quality loudspeakers, in the ideal listening position in the best quality
listening environment, see [2]. For each music signal the ideal reference signal is
defined as the binaural recording with the highest subjective quality, and these signals
are then compared to the recordings of the acoustic output of the loudspeaker that is
under test. This method thus allows prediction of the subjectively perceived sound
quality of loudspeakers, taking into account the influence of the type of recording, the

listening room, the listening position and the type of music signals that are considered
to be relevant. If you carry out such experiments you will see that no single
loudspeaker set up has best performance with all possible type of recordings.
Especially the fact that some recordings are focussed on the ideal “here and now”
(augmented reality), while others are focused on the ideal “there and then” (virtual
reality), will lead to big differences in preferred loudspeaker systems.
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