Passive Line-Level Crossover

http://www.t-linespeakers.org/tech/filters/passiveHLxo.html

A passive line-level crossover (PLLXO) is a very good solution if you don't need circuits that are too complex circuits and can live with the insertion loss. You'll be rewarded with all advantages of biamping and you won't need opamps in 
your signal path.
I'm currently using a 12 dB PLLXO for my satellites and I'm very satisfied.
6 dB filters would look like this, you can cascade them for higher orders, although beyond 2nd order the drawbacks become overwhelming.

	First Order Lowpass:
	

	
	Select a value for R1 (around 5-10 k W should work well with most amps), then calculate the C's like this:
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f = crossover frequency  

	First Order Highpass:
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Ramp = the input impedance of the HP amp
If the input impedance is close to R1 you need to consider it for the LP as well and raise the value of C1. 
Note: If R1 is left out, Ramp becomes the load R for the filer, 


So for example, if we want a 60 Hz crossover point, and the total R is 10K, a 265.26 nF capacitor would be required.

You may also want to add a potentiometer for level matching.
The 12dB version looks much closer to a Linkwitz slope if it looks like this:
	Second Order Lowpass:
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	Select a value for R1, then:
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f = crossover frequency
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We must consider the R of the amplifier so:
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Solving for R2':
[image: image8.png]




	Second Order Highpass:
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	So for example, if f=1kHz: R1=5 k W, R2=50 k W, C1=31.8nF, C2=3.18nF
Note that the smaller resistor will more or less determine the impedance which your preamp will see, while the larger one is the main factor for the insertion loss, so things may get tricky if your amp has a low input impedance.
The amp's input impedance lies in parallel to C2 and R2. 
 
In the hi-pass the input impedance of the amp is parallel to the capacitor C2. If the input impedance gets lower, this has two consequences: the insertion loss gets higher and the xo frequency is shifted upwards. To compensate, calculate C2 in the hi-pass as follows:
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Note that the input impedance of your power amplifier needs to be fairly high to make a 2nd order hi-pass feasible. You can allways use the input impedance of your amp as the 2nd shunt R when calculating C2, and just leave R2 out. 


A passive line-level crossover (PLLXO) is a very good solution if you don't need circuits that are too complex circuits and can live with the insertion loss. You'll be rewarded with all advantages of biamping and you won't need opamps in 
your signal path.
I'm currently using a 12 dB PLLXO for my satellites and I'm very satisfied.
6 dB filters would look like this, you can cascade them for higher orders, although beyond 2nd order the drawbacks become overwhelming.

	First Order Lowpass:
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	Select a value for R1 (around 5-10 k W should work well with most amps), then calculate the C's like this:
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f = crossover frequency  

	First Order Highpass:
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Ramp = the input impedance of the HP amp
If the input impedance is close to R1 you need to consider it for the LP as well and raise the value of C1. 
Note: If R1 is left out, Ramp becomes the load R for the filer, 


So for example, if we want a 60 Hz crossover point, and the total R is 10K, a 265.26 nF capacitor would be required.

You may also want to add a potentiometer for level matching.
The 12dB version looks much closer to a Linkwitz slope if it looks like this:

	Second Order Lowpass:
	

	[image: image15.png]Rz

Cz





	Select a value for R1, then:
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f = crossover frequency
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We must consider the R of the amplifier so:
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Solving for R2':
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	Second Order Highpass:
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	So for example, if f=1kHz: R1=5 k W, R2=50 k W, C1=31.8nF, C2=3.18nF
Note that the smaller resistor will more or less determine the impedance which your preamp will see, while the larger one is the main factor for the insertion loss, so things may get tricky if your amp has a low input impedance.
The amp's input impedance lies in parallel to C2 and R2. 
 
In the hi-pass the input impedance of the amp is parallel to the capacitor C2. If the input impedance gets lower, this has two consequences: the insertion loss gets higher and the xo frequency is shifted upwards. To compensate, calculate C2 in the hi-pass as follows:
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Note that the input impedance of your power amplifier needs to be fairly high to make a 2nd order hi-pass feasible. You can allways use the input impedance of your amp as the 2nd shunt R when calculating C2, and just leave R2 out. 


Sallen-Key Second Order Filter

by Peter Foote

http://www.t-linespeakers.org/tech/filters/Sallen-Key.html

	The Sallen-Key filter is a popular filter due to it's versatility and ease of design. In this document I hope to outline the design of the filter to give an understanding of the math behind the filter design so that one can understand and build this type of filter. This document goes along with two others that give the equations for some other types of filters (but no design work).

To begin the explanation I will use this diagram;
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	The K triangle represents a non-inverting amplifier. This means it takes the signal at the input (left), amplifies it by K, and outputs it (right).
To get the initial equations to do the analysis just sum the current into a node (connection point). The currents must add up to zero. This has to be done for each node that isn't an input or output. For example, all the current flowing to the node marked V1 (through R1, C1, and R2) must add up to zero.
Before creating the equations there are a few things to cover;
1. The voltage at the input of the amplifier will equal the output voltage divided by the gain K. 

2. The input of the amplifier will not draw any current and the output is a perfect voltage source (this is the ideal case and will be used for all calculations). 

3. The impedance of a capacitor is [image: image23.png]


; 

The value of s is used to indicate the frequency and phase of the capacitive reactance at the present frequency (not the cut-off frequency). 
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The standard second order filter equation is as follows;
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Where wo is the cut-off frequency of the filter (2 x pi x fo) and Q is the a factor that determines the shape of the filter curve. Sometimes the damping factor is mentioned in place of the Q, and it is just the inverse of Q.
If you examine equation 3, you will see that at low frequencies the equation approaches K since the s terms are really small and don't have much affect. At high frequencies the equation approaches 0 since the s term becomes dominantly large.
To give a better understanding of the relationship between Q and wo the following chart is provided. It shows that the magnitude of the response is equal to Q at wo. Varying the Q can be a useful tool to correct the response of a driver. Since this is for a low pass filter, you can see that the response begins at 1 for low frequecies and then tapers off at higher frequencies. The magnitude of the response at the cut-off frequency is dependant on the Q of the circuit.
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Figure 1: Magnitude vs Normalized Frequency for Varying Values of Q
Now that is out of the way, the equations to solve the filter are as follows;
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The above system equations (1 & 2) need to be solved so that V1 is eliminated and then the answer needs to be put into a form similar to equation 3. Solving equation 2 for V1 and then substituting into Equation 1 would be a good start. I won't show the math but rather just give the final answer. If you are so inclined then go ahead and do the math.
The equation for the Sallen-Key low pass filter is as follows;
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As you can see it becomes very complicated, quickly. To figure out the cut-off frequency and the Q of the filter, just match up the terms.
This means the last term in the denominator is the cut-off frequency squared, or;
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The middle term divided by the cut-off frequency and inverted is the Q, or;
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Looking at these equations shows that there are 5 values that can be varied which can give the designer a lot of freedom. However, the varying of five separate elements isn't really necessary to allow the full use of this filter so some simplifications can be made.


Equal R, Unity Gain Case
The most common way that this circuit is simplified is to make R1 = R2 = R and the gain equal to unity (K = 1). This simplifies the equations to;
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Examining equation 7 shows us that the cut-off frequency is inversely proportional to R so the cut-off frequency can be adjusted, without affecting the Q, by varying the two resistors, while keeping them equal, using a dual ganged pot. The potentiometers should be put in series with a fixed resistor so that a range of frequencies can be selected.
Examining equation 8 shows us that the Q of the filter is dependent only on the ratio of C1 to C2. To vary the Q of this filter, this ratio would have to be variable. If this ratio is variable, the cut-off frequency would vary as the Q was varied. Also, the filter would need a variable capacitor which usually isn't practical for this type of circuit. Therefore, using the equal R and K = 1 simplifications leaves us with a filter where the Q can't, practically, be made adjustable.
One obvious problem to note is the capacitor selection. One capacitor can just be picked as a practical standard value but then the second one is fixed by the desired Q and it probably will not work out to be a standard value. This will then require some hand matching of different sized capacitors to get the right value. The way to do this would be to measure the first capacitor that is chosen, then calculate the value for the second capacitor, and then add together different capacitors to achieve this value (assuming it is a practical number). This will eliminate having to hand match both capacitors to design values.


Example
Now that the design equations are known, it is time to look at a practical example. For this example I will design a low pass filter with a variable crossover frequency and a Q of 0.707 (1/Q = damping d = square root of 2 or critically damped which is often considered the ideal). The drawing for the filter is as follows;
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This filter has been refined by adding an op-amp, where the amplifier was, which is wired for unity gain. It also includes the variable resistors R2 and R3 that would be a dual ganged pot so that they remain equal at all times.
To begin designing with this filter, I would chose the capacitor values. I'd set C1 as a 0.1 mF capacitor (why? its an available value so why not). To calculate C2, I rearrange equation 8 to solve for C2;
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A 0.1 mF cap is easy to find and two 0.1mF caps in series would create the 0.05mF cap so these values are quite realistic. The only thing that would require a change would be unpractical resistance values.
As a rule of thumb, I would consider any resistance between 10 kW and 200 kW as acceptable. Below this you could overload the op-amp output and above this you will reach a point where the circuit may become noisy.
Now for the frequency. I think a variable frequency from 60 Hz to 120 Hz would be a good first design so I'll calculate the resistance values to see what they are. I rearrange equation 7 to solve for R;
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This shows me that resistors R1 and R4 should be around 37 kW (standard value is 39 kW which is very close) to set the high frequency limit. The potentiometer for R2 and R3 would then have to be the difference between these resistance's which is 38 kW. Since this is a nonstandard value I would chose a 50 kW pot. You can calculate the new frequencies with these values but basically they will shift the low frequency cut-off point down about 10 Hz.


Equal R, Equal C Case
The other common choice to make for this filter is R1 = R2 = R and C1 = C2 = C. The gain is left adjustable. The equations simplify to;
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Examining Equation 9 shows us that the cut-off frequency of the filter is still selected by varying the resistor values using a dual ganged pot like the previous case.
Examining Equation 10 shows us that the Q of the filter is dependent only on the gain of the amplifier. This is interesting because a filter can easily be made with an independently adjustable cut-off frequency and Q using this approach (as opposed to the previous approach). The disadvantage being that the gain of the circuit will change as the Q is adjusted.


Example
The practical version of this filter will look like the following;
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This filter has been refined by adding an op-amp, where the amplifier was, that is wired to be non-inverting with variable gain. The other part of the circuit is the same as the previous example.
For this circuit;
1. R1 = R4
2. R2 = R3
3. R = R1 + R2 = R3 + R4
4. C = C1 = C2 

The values for these resistors and capacitors will be picked by using this equation, which is derived from Equation 9;
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To solve this, pick a value for the capacitor and then calculate the resistance. The variable and fixed resistance's can be calculated in the same manner as they were for the previous example.
To create the variable Q part of the circuit, the gain of the non-inverting op-amp must first be known. It is as follows;
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Examining this equation shows us that when R6 = 0 that the gain of the op-amp will be 1 and that when R6 is at it's maximum the gain of the op-amp will also be its maximum. Since the lowest gain available with this circuit is 1 (R6 = 0) then we just need to calculate the maximum gain desired. With the gain of 1 fixed as the lowest value this sets the lowest Q possible at 0.5, from equation 10.
When examining Equation 10 it can be seen that the gain should never be allowed to be equal to or greater than 3 since this would make the Q of the circuit approach infinity which creates a stability problem. Solving Equation 10 for the gain gives us;
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To solve the problem with the gain changing as the Q is adjusted there are two possibilities.
Add another op-amp before or after the circuit that is built the same as the op-amp and R5/R6 combo that is already in the circuit with the variable resistor wired so that it is at it's minimum when R6 is at its maximum and vice versa. This will automatically adjust the gain as the Q is varied but it adds another op-amp stage. If it is added before the filter it can be used as the input buffer as well.
The other solution is to just not worry about it. You will probably add an input buffer that gives a gain adjustment so just compensate for a Q adjustment with a change in the input gain.
Since the frequency is calculated the same way as in the previous case, I am just going to run through the variable Q calculations. A maximum value of Q equal to 10 may be desired so the gain in this case would be;
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To realize this circuit we would pick a standard variable resistor value and then calculate the fixed resistance that would go along with it. For simplicity, I will once again pick a 50 kW pot. The fixed resistor is calculated by rearranging Equation 11;
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To finish, pick a standard value that would be greater than this. The only consequence of this would be that the Q would not reach 10 as desired but this is better then having a circuit where the gain could reach 3, which would cause stability problems.


Other Considerations

To convert the equations for hi-pass operation, just replace each "C" with an "R" and each "R" with a "C". This does not include the resistors setting the gain in the equal R equal C circuit. 

	

The circuit should have an input buffer consisting of another op-amp. This is because some equipment may have a fairly high output impedance which would then be in series with the first resistor in the circuit and then it would not be equal to the second resistance like it should. 



	Many times the circuit is being driven by a fairly low level signal. This can lead to excessive noise being generated in the filter. A solution to this would be to put a high quality op-amp at the input which boosts the gain and then a voltage divider at the output to lower the gain again. A circuit always exibits the least amount of noise if the most gain is done as close to the source as possible. This is because the rest of the circuit will operate at higher voltage levels so the noise is a much lower percentage of the signal.

As an aside to the above, the circuit should not be allowed to have such a high signal level going through it that one of the op-amp outputs will clip. Generally, an op-amp operating at 15 volt supplies has about 13.5 volts of output swing in the positive and negative direction


State-Variable or Sallen-Key or what?
http://www.t-linespeakers.org/tech/crossover/state_variable.html 

As we mentioned before, different types of filters (or filter alignments) can be implemented using different circuits (or filter topologies). Here, we will briefly discuss the most commonly used circuits and their pluses and minuses.
State-Variable filters are the most popular and are used by the majority of companies manufacturing crossovers.


Figure 1. Typical 4th order State-Variable filter circuit
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This filter provides simultaneous High Pass, Low Pass and Band Pass outputs. HP and LP outputs are 4th order (24 dB/octave) and BP output is 2nd order (12 dB/octave).


The popularity of this circuit topology is overwhelming. Even non-adjustable crossovers are made using state variable circuits because low pass, high pass and even bandpass outputs produced by this circuit simultaneously and crossover points of the two adjacent passbands are always at exact frequencies. We already know, that these filters can be adjusted using multi-gang potentiometers, but cheap potentiometers do not provide enough precision and high-precision potentiometers are very expensive. Another approach to this problem was taken by some of the crossover manufacturers: use of Voltage Controlled Amplifiers (VCA) for adjustment of the crossover frequencies and other filter parameters. VCAs allow use of the single inexpensive potentiometer for adjustment of regulating voltage which drives all VCAs simultaneously, but precision of the circuit parameters still is not as high as in a case with fixed filters and Total Harmonic Distortions plus Noise (THD+N) characteristics are not very good.
Sallen-Key filters are very popular as well.


Figure 2. Sallen-Key filter circuits.
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This is a 4th order (24 dB/octave) Sallen-Key low pass filter circuit. Only one OpAmp is needed for this circuit.
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This is a 4th order low pass filter circuit made out of two second order filters.
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This is a 2nd order band pass filter circuit.


Most of DIY projects are based on Sallen-Key circuits because calculations of the filter component values are not too complicated and much fewer OpAmps are needed for these circuits in comparison to State-Variable filters. Some of these filters may have an inclination to high frequency oscillation and it is a difficult task to fight such oscillation. Sallen-Key circuits can be used for a high pass, low pass or band pass filters. A lot of high and low frequency cutoff filters are built using Sallen-Key circuits. This is the most economical way to get rid of sub-low frequencies which can damage the driver or reduce radio frequency interference from long cable runs. All these filters use feedback loops.
Most common, but seldom used in crossovers, are filters based on the buffers.


Figure 3. Buffered filter circuits
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These are High Pass and Low Pass 4th order (24 db/octave) filter circuits based on buffers. Only one OpAmp is needed for such circuit. 



These filters do not have frequency dependent feedback loops and theoretically can be made of any order using just one OpAmp. The problem with such filters is that you have to use inductors and this is a very difficult component to deal with. For low frequencies you will have to use very large inductor values, and such inductors will be bulky and will pickup a lot of hum and noise. You can try to reduce the size of the inductors by using very thin wire, but then internal resistance of the inductors will be too high and the total Q will be very low. Inductors are unstable and their values can change with age.
To avoid all these problems, we are using simulated inductors and FDNRs.


Figure 4. Generalized Impendance Converter circuits.
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Gyrators:  L-component and two different versions of D-components. 



These are Generalized Impedance Converter (GIC) or gyrator circuits. Each such circuit requires 2 OpAmps, but these OpAmps are not in a direct signal path and they are not inserting too much noise. For 2nd order filters we need only one GIC and for the 4th order filters we need two GICs.


Figure 5. Buffered filter circuits based on gyrators.
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High Pass 4th order filter circuit with simulated inductors.
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Low Pass 4th order filter circuit with FDNRs. 



This is probably a good place to discuss the question of what parts are the best to use to build an active crossover. Some people would like to use vacuum tubes, but we do not think there is any advantage in using them. No one can produce any scientific evidence in support of the popular theories about superiority of sound equipment built with vacuum tubes.
Still, some other people will try and convince the audience that only OpAmps built out of discrete components can be used for high quality sound equipment. Well, we are not in support of such an idea either. Back in the late 70's and early 80's, the only OpAmp available for audio applications was a classic 741 and its varieties. At that time, discrete OpAmp such as 990 was superior to the 741. Since then, large semiconductor manufacturers invested a lot of money and effort into developing better and better integrated circuits and today OpAmps have much better parameters. New technological advances in the manufacturing processes allow laser trimming of integrated components to unbelievable precision which is not possible to achieve in discrete OpAmps. Even such advanced (for its time) OpAmp as 5534, is now obsolete because new Operational Amplifiers are so much better in all their parameters. Companies, such as Burr-Brown or Analog Devices, now produces Operational Amplifiers and other integrated circuits designed specifically for high quality audio equipment and for use in active filters, or microphone preamplifiers etc.
Passive components, such as resistors and capacitors, are much easier to choose for our application. Resistors are to be of 1% precision, metal film type with a low temperature coefficient of 50 ppb or better. Capacitors are polypropylene sulfide or polypropylene with 1% precision values. In critical applications, we select these parts in matching pairs with .05% precision or better.
Because of relatively high signal levels, crossovers are not so sensitive to thermal noise or power supply noises. Still, we are using toroidal transformers only and multistage regulated power supplies in order to avoid any possibilities of introducing additional noises into the audio signal. Before, when all signal sources were analog only and a dynamic range of 70-80 dB was acceptable, designers were not bothering themselves with extra precautions against noise at high signal levels. These days, digital signal sources have a dynamic range of 110-120 dB and we have to be very careful in order not to reduce it
Frequency Response Correction
http://www.t-linespeakers.org/tech/crossover/frequency_response.html

One of the nice features of the active crossovers is a simplicity of frequency response correction of the drivers used in the system. You can equalize frequency magnitudes at any point using simple RC correction circuits.
Good example is a Constant Directivity (CD) Horn correction circuit. Compression drivers used with CD horns have a natural high frequency roll off at the rate of 6dB per octave. A very simple circuit can compensate this roll off without compromising the overall frequency response characteristics.


Figure 1. Typical high frequency equalization circuit for CD Horns.
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A similar approach can be used to correct frequency response at any point of the spectrum. Each driver in the system can be adjusted individually in order to compensate low sensitivity of a driver, without affecting efficiency of the other drivers in the system. All you have to do is to adjust the output potentiometer of the corresponding filter. When using passive crossover, you will need to reduce the output level of all other drivers in order to bring them down to the level of the least efficient driver, thus reducing overall efficiency of the loudspeaker system.
If you need to eliminate peak at the resonance frequency of the driver or the cabinet, you can do that as easily as any other correction in a low-level signal pass. Try to reduce low-frequency driver resonance at about 40 Hz using passive crossover components and very soon you will find out that you need expensive capacitors and high-power resistors. In active crossovers, the same problem is solved with standard 1/4 W resistors and small film capacitors.


Figure 2. Typical band-reject circuit.
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Almost any correction of the frequency response is possible when you use active crossovers and all equalization is done without using separate parametric or graphic equalizers. When design process is finished, all these correction circuits are integrated on the final edition of the crossover printed board together with filter circuits and input/output circuits. 

