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A2507 THE ENERGY TIME CURVE or 
(Why 76 Speakers in a Car is Probably Too Many) 

By Richard Clark 
 
These days it's unusual to enter into a serious car audio discussion without mentioning the word 
acoustics. Normally the term acoustics is very loosely applied to the subject of sound quality; i.e. the 
flavor of a particular dessert is similar to the acoustics of a particular listening environment. We know 
when the acoustics sound good, but answers as to exactly why and how they sound good can often be 
elusive. 
 
Acoustics is a term used to describe the behavior of sound waves. Good acoustics would depict the 
favorable behavior of the sound waves in a particular listening environment. Favorable behavior would be 
behavior conducive to the enhancement of our enjoyment of the music reproduced within the listening 
environment. 
 
A thorough understanding of acoustics requires that we study not only how sound behaves within the 
listening environment (concert hall, home, car), but that we also comprehend the human perception of 
sound. Unfortunately there is still a lot that is not known about the way we hear and perceive sound. We 
do, however, know a lot about the way sound behaves in an enclosed space. It is sad that for car audio 
enthusiasts most of the research dealing with very small rooms, such as cars, has been extremely 
limited. It is the intention of this article to shed some light on what we know about sound in large rooms 
(relative) and how that knowledge can be incorporated into the design of a good sounding car audio 
system. 
 
Direct and Reflected Sound 
 
Let's begin by examining the difference between direct and reflected sound because it is this interaction 
that forms the basis of what we categorize as the study of acoustics. Whenever a sound is generated in a 
space, the waves spread out in all directions away from the source. For example, when we are listening 
to a musical instrument, the first sound we hear is known as the direct sound. Moments later the sound 
that started out traveling in other directions reflects off the nearby walls and begins to arrive at our ears. 
 
The reflected energy is usually changed as it rebounds from the various surfaces. These changes can be 
very subtle or very dramatic. The shape, size and surface texture of the reflective surfaces each play a 
role in the nature of the change. The changes imparted by contact with other surfaces impart an identity 
signature to the sound wave. Unlike the direct sound that arrived essentially intact and unaltered, the 
reflected waves may not necessarily resemble their original form. 
 
Our brains are able to process the characteristics of these reflections and yield exceedingly accurate 
clues as to the nature of the listening environment. For example, if a blindfolded listener were led on a 
tour of his/her own house, his/her brain would be very capable of accurately determining exactly which 
room they were visiting. The acoustic clues yielded by a large room are immediately recognizable as very 
different from those of a small closet. 
 
Our perception of music is likewise affected by the nature of the listening environment. But how does our 
brain evaluate the data and make such determinations? One common method of studying this subject is 
to attempt to develop tests capable of measuring data in a like manner. One such test evaluates the 
energy vs. time relationship. 
 
An energy time curve demonstrates how energy is distributed over a given period of time. A typical ETC 
(Energy Time-Curve) looks like the following: 



 
The vertical coordinate describes the energy (volume) while the horizontal scale represents the period or 
time (increases to the right). To read this chart, start at the left and move towards the right. The first major 
peak will be the arrival of the initial or direct sound. Remember, because the direct path is shortest it must 
arrive first. After the arrival of the direct sound there is usually a small delay period (well usually) before 
the arrival of the reflections from around the room. 
 
The reflected energy (remember it is bouncing around the room) will then begin to show a gradual level 
decay until it eventually disappears. This fade out of energy is known as the reverb time of the room. It is 
usually labeled as a unit of RT60. This corresponds to the amount of time required for the level of the 
decay to drop 60 dB. 
 
Many years of experimentation have taught studio designers what works and what doesn't work in a good 
sounding room. It is universally agreed that after the arrival of the direct sound there should be a time 
period of at least 10 mS (milliseconds) before the arrival of the reflected energy. It is also agreed that for 
a good sounding listening room, the reverb time should be on the order of a minimum of .2 to .5 
seconds. Uniformity in this reverb range should be throughout the entire audio frequency spectrum. In 
order for the sound of the room to be considered as good and for the imaging qualities to be stable, a 
very dense uniform decay becomes extremely important. The good news is that for listeners who are 
seriously involved in acoustics, the equipment to make these types of measurements has become very 
reasonably priced in recent years. The bad news is that for car audio listeners the constraints that are 
considered to be important also happen to be extremely difficult to meet. 
 
It is a fact of life for those of us involved in car audio that the initial time delay, after the arrival of the direct 
sound, is virtually impossible to achieve. There are, however, many things that can be done to improve 
the situation. For instance, if the loudspeakers are chosen with respect to a good controlled dispersion 
pattern and if they’re mounting locations are chosen so as to minimize the reflected energy, it is very 
possible to achieve a strong initial arrival with a significant reduction of energy immediately following. This 
absolutely requires that the speakers are not aimed at large objects and that they have an unobstructed 
acoustic path to the listener. 
 
Another important factor in overcoming the pitfalls of the autosound listening environment is that of the 
arrival times of the various drivers. It is of paramount importance that all the arrival times be the same. To 
achieve success under this constraint will require a minimum number of drivers and either physical and/or 
electronic time alignment. 
 
The next element of concern is that of the reverb time. Until we are able to create the decay 
characteristics of an ideal listening room, we will never be able to achieve "studio quality" reproduction in 
a car. Because of the small volume of air contained in a car and the high absorption of the car's interior, 
the reverb time is extremely short. A typical car audio reverb time will range from a low of about 5 mS to 
around 60 mS. 
 
Rear Fill 
 
Even if we were able to achieve 50 mS of reverb time in a car, that amount would only be about one 
fourth of the minimum required of a good sounding room. This lack of reverb time is the reason why some 
car audio enthusiasts install extra speakers in the rear of the car. When such speakers are properly 
mounted and driven by signals low enough in level (preferably on a digital delay), they can enhance the 
effect of ambience that is usually lacking in cars. Ideally, the implementation of such speakers contributes 
to the often-misunderstood IASCA term "rear fill." 
 
In a good sounding rear filled system, the speakers mounted in the rear of the car should be acoustically 
transparent. In other words, they should not be noticeable. A good sounding rear filled system should 
cause the front-seated listeners to sense that there is a large open space to their rear. The word "fill" is 
used here to refer to addition of reverberant energy to the listening environment. It is this decaying energy 
that imparts ambience and the feeling of spaciousness into a sound system. If too many rear speakers 



are used or if they are too loud, the result will be to create more early sound. But this extra early sound 
will only conflict with the direct sound from the front speakers resulting in wandering and unfocused 
imaging. 
 
Whenever a sound system contains multiple drivers located throughout the car, the image will suffer. In 
the next few years, very sophisticated DSP units will be programmed to help in this respect. It is 
unfortunate that all of the car audio DSP devices that are presently on the market seem to be designed 
for some, shall we say, completely off-the-path reasons. 
 
Current DSP devices are not capable of fixing poor speaker placement; and may never be. It is also our 
opinion that crudely attempting to recreate a sound field listening environment such as a stadium or a 
church is absurd. Maybe someday one of the manufacturers of these devices will finally determine that 
the ideal environment to recreate would be that of a neutral recording studio at which time the natural 
ambience in the recording could be reproduced with all of its natural quality. This should be our goal. 
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