Woofer wizard

Something often overlooked, but I believe to be an important part of designing, building and
configuring loudspeakers systems is understanding some of the basics of the human ear, and
the effects of sound on the human body. This article is intended as a brief introduction, and is
by no means exhaustive. You might assume your ear works like a high quality studio
microphone, with a flat frequency response across the audio spectrum, research has shown
this is not the case. The way the ear responds to different frequencies varies considerably. The
graph above shows lines of perceived equal volume. First thing you will notice is that the smiley
face equaliser curve is remarkably similar to the frequency response of the ear, but offset a little
with the centre point around 3kHz and more emphasis on low frequencies. To some extent the
smiley face can be explained as just naturally compensating for the human ear, making lower
volume program material sound like we would expect it to sound at high volume. As the volume
increases the curve flattens, requiring less bass boost. This means our ears are most efficient
at detecting important sounds, research suggests this is down to years of evolution. Many
alarm designers utilise these frequencies to maximise effectiveness. With out ears being so
sensitive in the mid frequencies, poor quality sound, particularly distortion will be extremely
noticeable, perhaps this goes some way to explaining the smiley curve; a way of masking
problems in the mid-band by overpowering with bass and treble? Many people find distortion in
the upper-mid frequencies painful, and this is often linked with occurrences of tinnitus. This is
one of the reason many high-end large scale PA Systems utilise Dynamic EQ, where the
equalisers are programmed to change as the volume increases. So is the smiley curve correct?
What is definitely correct is to equalise your system to make it sound right at the volume it is
being used, and the room it is being used in, and the type of program material being played
through it. If this happens to be a smiley curve, so be it, but as a system operator you should
resist the urge to just boost bass and treble in the hope it will sound better. If you find you are
doing this a lot, you might want to consider upgrading your sound system. Its well known that a
heavy bass line is in dance music is often very popular, and many people believe it is absolutely
essential in order to create the best atmosphere for certain styles of music, but could we
actually be addicted? Some people think it may be possible, and there is some research to
suggest they are right. To understand how this may be possible, we need to understand how
sound affects our bodies. In modern life, one of our primary needs to hear is to communicate,
often at moderate volume, but our ears can be much more useful than this, allowing us to be
aware of things further away than we can see, and some of these things may help explain how
our bodies react to sound. Thousands of years before we had amplified music, bass
frequencies, and how we reacted them, could have been critical to our survival. In nature, loud
sounds, with an emphasis to low frequencies are often connected to danger. Just think of the
sounds created by a stampeding herd of animals, an earthquake or a volcano erupting. This has
yet to be proven, but the theories seem to hold true, and could also contribute to this concept.
Choosing the right driver for your speakers can be something of a minefield, particularly if its
your first time. There are a number of things to be aware of, one of which is the power rating
specified in Watts. This article aims to explain some of terms used, and dispel a few myths. Q:
My amp is rated at W per channel, will a W driver break my amp by drawing too much power? A:
NO. The power rating of your speakers is the maximum power they can accept from an amplifier
before they are in danger of overheating and burning out. Providing you have the corrent
impedance load, your speakers are unable to draw more power than the amplifier is willing to
give. A: Not necessarily, the limiting factor is generally your amplifier, if you amp is rated at
Watts, you wont get any more than W output without severely distorting the sound, and
potentially damaging your amplifier. If your amp can output W, then an increase in power
handling may make your speakers go a little louder, but its possible they may be no louder, or
in some cases quieter. The key factor here is efficiency, some speakers are more efficient than
others. Luckily, this is the one most manufacturers specify. Peak power ratings are often four
time the RMS rating, so if you see this anywhere, divide it by 4 to give you an idea of the real
power rating. Sometimes referred to as Average Power, or Continuous Power. The AES
standard â€” which is becoming the most commonly adopted standard. How is this possible?
Some would argue this is not a totally realistic test. However for the layman, it is a useful
benchmark for matching up driver power to speaker power. The RMS Power test is not done
with music, it is generally done with bandwidth limited pink noise, which is a continuous signal.
When was the last time you played music that sounded like static? Not often I bet. Music power
takes into consideration that a bass beat is not continuous, it is a series of pulses. In between
the pulses, there is no power being applied to the speaker, so when you average out the power
over time, you can handle much more power. What does this mean? So if you play average
music, you can usually run above RMS Power level quite happily in most instances, and with
appropriate limiters in place, somewhere between RMS power and Music Power is generally a

safe level. This is the maximum short term power that can be applied to the driver, and is
typically calculated to be four time the RMS Power. I recommend you dont use Peak Power for
anything except bragging to someone who doesnt know anything about sound. This is partly
due to how speakers work. High power speakers are designed to have a high excursion thats
lots of cone movement â€” in order to be able to handle the extra power, they typically have
stiffer components, particularly with regard to the suspension. These high power speakers
require a certain amount of power to overcome the mechanical resistances of the suspension.
Comparing two extreme examples, of say a W speaker and a W speaker running bass. The W
speaker will have a low output for say, the first W put into it, once you are putting in 50W or so,
the speaker will be at half its rated power, and will be depending on sensitivity fairly loud, ramp
it up to W and the driver is giving all it can, potentially operating at its most efficient point. Lets
suppose you only have a W amplifier, the W speaker will give you more output than the W
speaker. If you put your W woofer on the end of your W amplifierm the first W of power will be
used inefficiently, just to overcome the stiffness and resistance of the suspension, ramp it up to
W, and you are still only tickling the W woofer, you will find that you may need W running
through the W woofer to be as loud as the W woofer. As you keep ramping up the power, the W
woofer will ultimately create a lot more sound output than the W speaker ever will, but if you
only have a small amplifier, you are better off with an appropriately matched driver. Many
manufacturers choose to ignore power compression, some actively avoid specifying it or even
mentioning it. The sensitivity efficiency manufacturers specify is measured at a power level of
1W at a distance of 1m from the speaker. At 1W, very little heat is lost within the voice coil, so
the driver is more effective at converting electricity into sound. Your 8 ohm driver will no longer
be an 8 ohm driver, and the nominal impedance could rise to as high as 13 or 14 ohms. At full
power, many drivers are no longer operating at their stated impedance, and they generating a
lot of heat. A good quality driver, with low power compression at its full rated power, could be
dB louder than a driver that suffers badly from power compression. Many modern designs are
taking account of this, and making efforts to ensure driver cooling is maximised to counter the
effects of power compression. Its quite rare for manufacturers to specify power compression
though, and it seems to be often overlooked by system designers. Has there been some
amazing technological breakthrough? Why is this important? Thats like having a 1kw bar heater
in your bassbin! Aside from improving construction materials, manufacturers are also refining
designs to maximise heat transfer away from the voice oil, this also contributes to the increases
in power handling capacity we are experiencing. Enabling speakers to handle much higher
temperatures might seem a good thing, as it increases maximum power handling, but it also has
a detrimental effect. Most voice coils are made from copper or aluminium wire, both of which
have a positive temperature co-efficient of around 0. You will have heard of superconductors,
which operate at extremely low temperatures in order to try to reduce and minimise resistance.
Two things: firstly, your ears have a self defence mechanism: there are 2 tiny muscles in the
middle ear that will contract when the ear is exposed to loud sounds. The second factor is
power compression, a typical loudspeaker can lose dB of volume once power compression
kicks in. When you start moving, a certain level of power from your engine sets you hurtling
forwards at high speed, but as you go faster, wind resistance increases, so you stop
accelerating. You need to apply more power to increase speed, but wind resistance keeps
increasing too, so you have to apply even more power. If your amplifiers have headroom, your
instincts will make you want to turn them up, to restore the original volume level. If it were to
cool a little, the power would increase again, causing it to heat up. Essentially you are fighting a
losing battle, as you turn the gain up, the speaker fights back with a higher resistance. You will
eventually reach a limit, either your amp will run out of headroom and you cant turn it any
louder, or the other possibility, which happens all too often, is your speaker will overheat, and
burn out causing catastrophic failure. Now consider what effect power compression will have.
To achieve the same consistent volume you will need twice as many speakers! Either buy
speakers with headroom, e. Also, try to select speakers with improved cooling technology, that
suffer less from power compression. Avoiding power compression could make your speakers
twice as loud, meaning you could take half as many to the gig! Most manufacturers will specify
impedance, and will include it in the product specifications, often printing it on the speaker
itself. You should only measure the resistance of speakers when they are not in use, and not
connected to an amplifier. By putting your multi-meter probes on each terminal of the speaker
you will get the DC resistance, which can be used as a guide to get the impedance. Many
loudspeaker manufacturers will label the drivers to make identification easier, Eminence for
example include a suffix on the drivers, for example the Beta12A is the standard model, and is 8
ohm impedance, the letter A designated 8 ohm impedance. The Beta 12B is 16 ohm impedance,
and the Beta 12C is 4 ohm impedance. This same letter designation is used through the range of

Eminence speakers. The diagram below shows two speakers wired in parallel:. If you plug
several speakers into one amplifier, unless you have unusual cabling, this would be the
standard way you would run several speakers off one amplifier. The impedance of each speaker
stays the same, but the impedance load the amplifier sees will change. In the diagram above, if
the two speakers were both 8 ohm impedance, the load the amplifier would see is 4 ohms. R 1 ,
R 2 , R 3 , are the individual resistances, the formula works for as many, or as few resistances
there are in parallel, for two drivers in parallel, you use R 1 and R 2 only, for three drivers you
use R 1 , R 2 and R 3. R T is the total parallel resistance. For equal parallel resistances, the
formula becomes very simple, as the table of parallel 8 ohm impedances shows:. As you can
see, 3 drivers gives a combined parallel impedance of one third of the original impedance of 8
ohms, and 4 drivers gives a combined parallel impedance of one quarter of the original
impedance. Very few amplifiers will run happily into impedances below 2 ohms, and there is a
strong possibility you can damage the amplifier by plugging too many speakers into it. Series
impedances work opposite to parallel, going back to the comparison with traffic, if your busy
road has traffic lights in it, every extra set of traffic lights adds more resistance to traffic flow. In
the same way, each loudspeaker in series adds to the impedance. To calculate the total
impedance, simply add together the individual impedances, as shown in the table below. In
most instances, its rare to have more than 2 drivers wired in series, as the increase in
impedance will mean most amplifiers are able to deliver very little power to the drivers. If for
example you have four speakers, that are 8 ohms, and you want to run all four speakers off one
amplifier, you could wire all four in parallel, to give a 2 ohm load, or all 4 in series to get a 32
ohm load. But what if your amplifier wont work below 4 ohms? Assuming all drivers are 8 ohms,
some simple maths and you can see that each of the two series combinations has an
impedance of 16 ohms. Two 16 ohm impedances in parallel have an overall impedance of 8
ohms. What this allows you to do is use four speakers where you would previously have only
used one, giving you a significant increase in power handling. Many guitar cabinets utilise 16
ohm drivers in order to achieve the desired results. Its sometimes advised that its best to avoid
using series configurations with speakers, due to the fact that that you have two coils or
inductors which can induce unwanted voltage and cause distortion. Series configurations are
rarely used in hifi or studio systems. Why does my 8 ohm speaker read 6 ohms when I measure
it on a multimeter? It must be faulty right? When you measure resistance with a multimeter you
are measuring DC resistance. The key point here is that the electrical current travels in one
direction only, and is fixed and does not change. Impedance is equivalent to resistance, but for
circuits where the voltage and current change, such as in a loudspeaker. An extra factor comes
into play, which is the fact the the loudspeaker is based on a coil of wire. This coil of wire acts
as an inductor. The most basic crossover is a 2-way crossover, which splits the signal into 2
bands. It is possible to keep splitting the audio range into smaller and smaller bands, but this
can become an exercise of diminishing returns. When combined with a resistor, you get a filter
circuit, as shown in the diagram below. This is something to be aware of when using passive
filters, that the filter DOES NOT work independently of the loudspeaker, the loudspeaker forms
part of the circuit. If you change the load resistance from 8 ohms, to 4 ohms or 16 ohms, you
change how the filter circuit works. The diagram below shows the relative magnitude of the
signal at point V 1 with 0dB in the diagram indicating full signal. V 1 is the Voltage that will be
applied to the loudspeaker R 1. The cut off frequency in the diagram is 1kHz. The filter has a
cut-off frequency, commonly known as F C. Below the cut-off frequency, the capacitor has a
high resistance, effectively blocking the signal. The purple line represent the magnitude of the
signal that will pass through the filter. You can see that as the frequency reduces, the
magnitude of the signal passing through the capacitor reduces. With the capacitor and resistor
being roughly equal, the system will work as a voltage divider, with approximately half the input
voltage across the capacitor, and half the voltage across the resistor loudspeaker. F C is
sometimes known as the -3dB point, where -3dB indicate half magnitude. Beyond the cut off
frequency the capacitor reactance reduces, allowing higher frequency signals to pass
unhindered. Calculations for 1st order High Pass Filters. In our examples above , R 1 is 8 ohms,
and C 1 is 20uF microfarads. As mentioned previously, the loudspeaker impedance forms a part
of the circuit, if you try the formula you will notice that increasing the impedance from 8 ohms
to 16 ohms will halve the cut-off frequency and reducing the impedance from 8 ohms to 4 ohms
will double the cut off frequency. This is why you should only use a passive crossover or filter
with the correct impedance load it has been designed to operate at. We can change the formula
to make it more useful, as we usually know what cut-off frequency we want, and what the
resistance impedance is, but what we need to calculate is what value capacitor. This formula
will yield the correct results:. A first order filter is generally sufficient as a tweeter protector in
an active system. One octave lower is exactly half the freqency, so if your compression drivers

are operating from 2kHz upwards, your tweeter protector should be selected to operate at 1kHz.
The calculator above will give suitable results for this application. Two equal resistors in
parallel will halve the overall resistance, however two capacitors in parallel sum together. So
two 10 microfarad capacitors in parallel are equivalent to one 20 microfarad capacitor. Putting
capacitors in parallel is a handy way of making up capacitance values that are not easily
available off the shelf. A single capacitor when used with a loudspeaker, forms the most basic
High Pass Filter, which is known as a 1st order filter. However, capacitors on their own are not
enough to form crossovers, we also need inductors. Inductors: Most commonly these are coils
of wire, copper is most commonly used as it has a low DC resistance. In fact a straight copper
wire would be what you normally use to connect up your speakers, so how does it form part of a
filter? Inductors allow DC to pass, as once current is established, there is generally no change
in current. For our example, we will make L1 equal to 1. With an 8 ohm loudspeaker for R1 we
get the following frequency response:. Inductors behave like resistors for purposes of summing
their values. Two inductors in series sum together to create an equivalent bigger inductance in
much the same way as two resistors in series are equivalent to a higher resistance. The formula
for calculating the cut-off frequency is therefore different to the one for capacitors:. You will get
an answer very close to Hz. Re-arranging the formula makes it more useful, allowing the
required inductance to be calculated for a desired cut-off frequency. All real world inductors
have a series resistance created by the copper or other metal wire used to make the coil. This
series resistance generates some heat, and causes losses in the circuit. R1 represents a
tweeter, operating at higher frequencies only, and R2 represents a woofer, operating at lower
frequencies only. To create the above circuit, we have simply combined the circuits for the
separate low pass filter and high pass filter. The blue line represents the frequency response of
the low pass filter, and the purple line the frequency response of the high pass filter. If nothing
else, you should notice that the point where the two lines cross is at -3dB half magnitude , if you
sum the two responses together you are back at 0dB. So at the crossover frequency, both the
woofer and tweeter should be producing the same sound, but each at half magnitude. At the
top, you will have treble only, coming out of your tweeter. To some extent, it doesnt matter if
these are out of phase with each other, as they are independent of each other and do not
interact, however, around the cut off frequency, both the woofer and tweeter are creating the
same frequencies, and if they are directly out of phase with each other, they can cancel each
other out â€” bad news for creating a flat frequency response. With first order filters, this is
fairly significant. For better quality sound, it is desirable to restrict frequencies to appropriate
speakers, and to do this we need to use higher order filters. For passive crossovers, 2nd order
filters are generally regarded as sufficient, occasionally with 3rd order filters used on the high
pass only, to help protect tweeters from unwanted bass frequencies. Two capacitors in series
will just change the cut off frequency, it wont give you a 2nd order filter. Frequencies below the
cut off frequency are blocked by the capacitor, whats interesting is what happens around the
cut-off frequency. The purple line is the response from a 1st order High Pass Filter, and the blue
line the response from a 2nd order High Pass Filter. Both are Butterworth filters. The 1st order
filter is a 20uF Capacitor on its own, the 2nd order filter is a 14uF capacitor and a 1. Selecting
the correct values of capacitance and inductance is important for this to work correctly. Where
both inductor and capacitor are active around the cut off frequency, the values of the inductor
and capacitor have to be adjusted to make the filter operate in a desirable manner. The maths
starts getting more involved, and unless you want to get into the finer points of crossover
design, its probably easiest just to use one of the crossover calculators that are available online
we will be making ours live very soon. In a Butterworth filter the Q is 0. Changing the shape of
the slope around the cut off frequency can have a significant impact on how the low pass and
high pass signals sum. A shallower softer slope such as a Bessel filter with a Q of 0. An optimal
slop, such as Linkwitz-Riley or Butterworth aims to keep the overall summed response flat
across the crossover frequency. We can continue adding capacitors and inductors alternately
to create higher order filters, as per the diagrams below:. In passive loudspeaker crossovers its
rare to see filters higher than 4th order, and even 4th order filters are not very common due to
the increased cost of additional components. Higher order Low pass filters can also
constructed in a similar manner to high pass filters, with the components working in a similar
manner as high pass filters. In a 2nd order low pass filter, the capacitor acts as a bypass across
the loudspeaker, creating a short-cut for high frequencies to skip past the loudspeaker. The
diagram below shows a 2nd order low pass filter. You can follow the same pattern to work out
the configuration of 3rd order and 4th order low pass filters. Depending on the crossover
design, you use corresponding low pass filter and high pass filters to achieve the desired
result. Many early active crossovers had fixed frequencies, and could not be easily adjusted, a
common means of customisation was to have plug in modules, with different capacitors and

resistors relating to different configurations of frequency. Typically those handling lower
frequencies are cone drivers, and commonly known as woofers. Drivers handling higher
frequencies are usually much smaller, and are often known as tweeters. In many basic speakers
its common to have a woofer and a tweeter in order to cover as wide a range of the audio
spectrum as is possible. In the case of a basic two-way system there would be two bands, one
band covered by the woofer, and one by the tweeter. Tweeters can not handle bass frequencies,
lots of bass into a tweeter would destroy it. Tweeter must have high frequencies only, limited to
the frequencies the tweeter is designed to handle. In a very simple speaker, you could just use a
high pass filter in series with a tweeter, in parallel with the woofer. The high pass filter would
remove damaging bass frequencies and keep the tweeter operating safely. For purposes of
simplicity, all diagrams will be simplified, and a 1st order filter is assumed to be in use. A 1st
order filter does not require a connection to negative - and can be simply put in series as per
the diagram. For basic speaker designs, this solution may sometimes be acceptable, but you
need to be aware of the fact that below the filter frequency, the impedance of the circuit will be 8
ohms, as the amplifier will only see the woofer as the load, but at high frequencies, the amplifier
will deliver power to both the woofer and the tweeter, this will present a 4 ohm load to the
amplifier at higher frequencies. If you only intend to put one cabinet on the output of the
amplifier, this wont present a problem, but if you use multiple cabinets you may find the overall
impedance drops too low, which is undesirable. Many woofers are also very inefficient at
reproducing high frequencies, whilst they will readily allow power from the amplifier, they wont
necessarily turn that power into anything useful, in effect wasting the power from the amplifier.
The final thing to consider is that some woofers really dont sound good outside their designed
operating range, so whilst putting high frequencies signals through the woofer wont damage it,
the woofer may just sound completely horrible when it tries to produce those frequencies. The
solution is to put a Low Pass Filter or LPF in series with the Woofer, this filters out high
frequencies, so that the woofer is only producing sounds that are in its operating range. With a
simple two-way system, crossover frequencies of between Hz and Hz are common, depending
on the components used. The cut off frequency is the point in the audio spectrum at which the
filter begins to take significant effect, in the case of a Low Pass Filter, frequencies significantly
below the cut-off frequency should be passing through unaffected. Just slightly below the
cut-off frequency the filter begins to take effect, and starts blocking. Just above the cut-off
frequency, the level begins to drop off rapidly, blocking higher frequency signals from passing.
The HPF filter works the opposite way around. By aligning the cut-off frequencies to be the
same on the HPF and LPF circuits, the system impedance will stay more or less the same over
the audio spectrum. Overlapping the cut-off frequencies of passive filters will cause the
impedance to drop in the overlapped range. Leaving a gap between the cut-off frequencies will
cause the impedance to rise in the gap. It is possible to create more elaborate passive
crossovers, such as three way crossovers that split the sound into bass, mid and treble. For
smaller applications, such as hifi or studio speakers this is fairly common, but this becomes
less common in high power PA speakers, as the component costs can increase significantly
and in some instances it becomes difficult to source parts that can handle sufficient power.
Passive crossovers do not have their own power source, all they can do is block the signal, they
are regarded as passive as they can not increase it or amplify it. Active crossovers work quite
differently. An active crossover will split the signal at line level, before it reaches the amplifier.
The amplifier will then only amplifier the desired frequency band and deliver those frequencies
to the speaker. This is a better solution, as it is more efficient â€” any passive crossover will
have losses in it due to the components used to do the filtering. The losses amount to wasted
power. Also, in cheaper crossovers, distortion can be introduced from cheaper components.
Low losses and minimal distortion can be achieved with passive crossovers, but the cost of
components can become astronomical, making active crossovers a better solution. There are
also physical limitations with what can be achieved with passive crossovers, and as the overall
system power is increased, passive crossovers become a less desirable solution. There is a
significant difference with using active crossovers, you need more amplifiers. In the case of a
two-way system you will need two amplifiers, for a three-way system you will need three
amplifiers. Each amplifier will only be used to run speakers within a specific frequency band, as
per the diagram below. An active crossover also gives a much greater level of control over the
system, with a typical crossover allowing boost or gain of each frequency band, and adjustable
crossover frequencies. Some more advanced active crossover also allow variation of filter type
Butterworth, Linkwitz-Riley, Bessel, etc to give precise control over the system configuration.
For small-medium size systems, a hybrid crossover solution is common. A 2-way active
crossover is used to split bass from the mid and high frequencies, this requires one amp for
Bass, and one for mid-high. The Mid-High cabinet then utilises an internal passive crossover to

split between Mid and Treble. This is a very common solution, as it provides a good balance of
versatility and cost. Passive crossovers are always lossy, even the best passive crossovers
lose some power within the crossover, primarily due to the DC resistance of the inductors.
Sound quality. Passive crossovers using cheaper components can often suffer from sound
quality issues, to achieve better sound quality costs often escalate with passive crossovers.
Generally, active crossovers offer better sound quality than passive crossovers. This can often
mean more so with cheaper components that no two passive crossovers will produce exactly
the same response, so if your system comprises of numerous speakers, they could all be
producing a different sound around the crossover frequency. Better control. With active
crossovers its much easier to balance different frequency bands. Its common with passive
crossovers to require attenuation of high frequencies, through the use of attenuation resistors.
With an active crossover you can just reduce the gain. Easier scalability. Active crossovers
make it easier to increase the size of your system, you can simply add more amplifiers and
more speakers, and run them off the same signal from your crossover. You can configure the
Impedance of the woofer and tweeter, and the crossover frequency. C1, C2, L1 and L2
correspond to the relavant capacitors and inductors in the diagram below:. Where Vin is
connected to the positive terminal of your amplifier, and 0V is the negative terminal. New
improved version of the crossover calc this now includes a graphical plot of the frequency
response. Due to the size of the graphics, the form below will submit to a full page version of
the calculator. You can select 1st order or 2nd order slopes, with the option of Linkwitz-Riley on
2nd order. We will add 3rd order and 4th order in due course. This calculators works two ways,
you can enter the frequencies and impedances and calculate the component values, or you can
enter the component values to get the crossover frequencies and see the frequency response.
This version also allows different impedance and frequency between Low Pass and High Pass,
as well as different slopes. So you could for example have the Low Pass section with a 8 ohm
woofer, crossing over at Hz, and the High Pass at 16 ohms crossing over at Hz. Combinations
like this are becoming increasingly common, as using a 16 ohm HF driver often negates the
need to put attenuation in the HF part of the circuit. Also, a typical Hz Butterworth crossover
can often have a peak in response around the crossover frequency, particularly if the HF driver
is highly efficient â€” offsetting the crossover frequencies may seem counter-intuitive as it
might appear you are leaving a hole in the response, but often the coupling between LF and HF
counteracts this. If you already have a crossover, you can simulate the response using the
lower part of the controls. Please check you have component values correct, Capacitors should
be specified in microFarads uF and Inductors in milliHenries mH. Most pre-built crossovers will
have capacitor values printed on the components, unfortunately very few divulge the Inductor
values, to get these you will need an appropriate measurement meter. Speaker Wizard. Some
would argue this is wrong, others that it is right. Is it the speakers arent working properly? Be
the first to comment. Totally Addicted to Bass?!? Posted By Andy Kos. So, is it possible to be
totally addicted to bass? Q: What do the power ratings mean? RMS Power. Peak Power: This is
the maximum short term power that can be applied to the driver, and is typically calculated to
be four time the RMS Power. Should I buy the most powerful speakers I can afford? So what if I
exceed the power ratings? What about Power Compression? How do I know what impedance
load I have? So what does this do to the impedance? The formula for calculating parallel
resistances is as follows: R 1 , R 2 , R 3 , are the individual resistances, the formula works for as
many, or as few resistances there are in parallel, for two drivers in parallel, you use R 1 and R 2
only, for three drivers you use R 1 , R 2 and R 3. How do I wire speakers in series? Join the
Conversation. The circuit below shows an inductor and a resistor, forming a simple low pass
filter. With an 8 ohm loudspeaker for R1 we get the following frequency response: Inductors
behave like resistors for purposes of summing their values. Simple 1st Order Crossover: R1
represents a tweeter, operating at higher frequencies only, and R2 represents a woofer,
operating at lower frequencies only. So how do we make a 2nd order filter? Beyond Passive
crossovers?.. Crossovers â€” Why do we need them? The Solution? For smaller applications,
such as hifi or studio speakers this is fairly common, but this becomes less common in high
power PA speakers, as the component costs can increase significantly and in some instances it
becomes difficult to source parts that can handle sufficient power So far, we have only tackled
passive crossovers.. So what is an active crossover? Whats best active or passive? Its
generally regarded that active crossover solutions are best, for a number of reasons: 1. C1, C2,
L1 and L2 correspond to the relavant capacitors and inductors in the diagram below: Where Vin
is connected to the positive terminal of your amplifier, and 0V is the negative terminal. Filed in
2nd Order Crossover Calculator , Speaker Design Tagged: 2nd order crossover , calculator ,
passive crossover calc. Hz kHz. Wiring subwoofers can be a tricky business if you've never
done it before or if you haven't done the research to fully grasp the concept. There has always

been a lot of confusion specifically surrounding watts, amps and impedance, which all relate
directly to ohms law and hence, subwoofer wiring. There are two very important characteristics
to every subwoofer that determine how you will wire it and what kind of load you'll get; the load
being the final impedance or ohms, which must match your amplifier's impedance capabilities.
The first thing we must know is how many voice coils your subwoofers have? The next thing we
must know is are the subwoofers single or dual voice coil? Once you have gathered that
information then we can figure out the optimal load and maximum power output for your
amplifier. Amplifiers have a maximum load that is measure in ohms. Typically you will see
output ratings in the instruction manual and there will be a load figure represented in ohms. It's
critically important to know what that maximum is and to not exceed that rating. The following
diagrams should be helpful in determining which wiring option will work best for you to
maximize your amplifier power output while maintaining the correct impedance. Subwoofer
Impedance and amplifier output Wiring subwoofers can be a tricky business if you've never
done it before or if you haven't done the research to fully grasp the concept. A DVC speaker has
two voice coils, each with its own set of terminals. Note : Many of the wiring options shown in
this application may not be compatible with your amplifier because of low impedance loads.
Please check your amplifier owner's manual to determine the best wiring option and verify the
overall impedance load is compatible with your amplifier before making any connections. Close
Menu. Car Security. Ohm's Law Calculators. Relay Diagrams. Subwoofer Wiring. Vehicle Wiring.
Recent Topics. Site Search. Site Menu. Advanced Search. Select quantity and impedance.
Speaker Qty. Select Qty. Search the12volt. Follow the12volt. Any user assumes the entire risk
as to the accuracy and use of this information. Please verify all wire colors and diagrams before
applying any information. Subwoofer Wiring Wizard. Additional combinations and values may
be calculated with our Parallel and Series Calculators. If you do not find the information you're
looking for, please post your request at the12volt's Install Bay - Mobile Electronics Forums. We
will NOT respond to any requests by e-mail. Using your current speaker and power wire, current
amp power is calculated, allowing you to see any potential losses in Watts with undersized
cables. We'll use data from the PVC to determine how much current your amplifier will draw
from the vehicle's charging system. Efficiency, in amplifier engineering, a ratio of the amount of
power produced by an amplifier to the amount of power put into it. Let's use Ohm's Law to
calculate exactly how many amperes of current it will take to produce watts of input power at
the following battery voltage:. Take the necessary steps to upgrade the vehicle's charging
system appropriately. This would include, but is not limited to:. The above results assume the
amplifier is driven to full output with test tones. If playing Music, go to Step 4: Music. Because
music is dynamic in nature, it is easier for an amplifier to reproduce and requires less current
from the vehice's charging system. This enables subwoofers to operate at peak performance
resulting in constant microphone pressure. Because music is dynamic in nature, it will be easier
for the amplifier to reproduce than test tones. So, this amplifier is likely to consume, on
average, the following amount of
2005 ford mustang service manual
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current when driven to clipping with music:. This section will help determine wire gauge size
needed from your vehicle's charging system to optimize electrical current delivery to your
amplifier. This chart shows the ammount of resistance for each wire size. Home Support. About
Us. Your Shopping Cart Subtotal. Go to Checkout Continue Shopping. Previous Step. STEP 2:
Efficiency. Calculate Input Power. Input Power. Why does it matter? Playing Music Because
music is dynamic in nature, it is easier for an amplifier to reproduce and requires less current
from the vehice's charging system. Our testing shows it's typical for an amp to consume
roughly Figure 1. Figure 2. Playing Music? Go to Step 4:Music. Playing Test Tones? Go to Step
5: Wire Calculation. STEP 4: Music. How is it calculated? Wire Resistance Chart This chart
shows the ammount of resistance for each wire size. Amplifier power in Watts from PVC.
Number of channels. Load per channel. Length of speaker wire. Size of speaker wire.

