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Editors Note:



There was a rather long discussion on the construction of ribbon speakers. I didn’t even try to assemble it into a coherent thread.  Check out this particular subset of digests if you are interested.





T/S Issues



Date: Thu, 09 May 96 16:37:46 EST

From: jasoncuadra@astec-asia.com

To: bass@mcfeeley.cc.utexas.edu, BRYAN@ADMIN.HumberC.ON.CA

Subject: Re: electrical equiv. from T/S

Message-ID: <9604098316.AA831685066@smtpgw.astec-asia.com>





     Fellow Bass listers,

     

     

     Sorry guys about the earlier unfinished post.  Slip of the mouse.

     

     

     

     Here goes (I derived these myself so there *might* be some errors, though 

     I've checked them against some box programs)

     

     

     

     ********* electromechanical equiv ckt: *********

     

      

      

      2 coupled circuits:

     

     

      ------------ Re  -----

      |                     |

     Vin                    |

      |                     Ea                electrical loop 

      |                     | 

       ---------------------                    

     

     

       ---------- Lm -- Rm -- Cm --- Cb -

      |                                  |

     Vm                                  |    mechanical loop, for sealed box

      |                                  |

       ----------------------------------

     

     

     

      Where:

     

     Vin = input voltage       (volts)

     Re  =  voice coil DC Resistance (ohms)

     Ea  = v.c. back e.m.f., = Bl * velocity (volts) velocity  

         = current in 2nd loop. (m/s)

     Bl = BL product force factor (Tesla * meter)

     

     

     Vm = force developed by v.c. = current in first loop * Bl (volts or         

                                                                newtons)

     Lm = mass of cone (kg or henrys)

     Cm = compliance of suspension (meter/newton or farads) Rm = mechanical      

          damping (newton/(m/s) or ohms

     Cb = compliance of box (m/newton or farads) -> infinity (i.e. short         

                                           circuit if driver is in free air 

     

     

     velocity of cone     = current in loop 2

     

     displacement of cone = first integral of current in loop 2

     

     SPL output = acceleration of cone * Sd * k   <- I don't know k

                = derivative of current in loop 2 * Sd * k

     

     Sd = surface area of cone (cone diameter^2/4 * pi)

     

     

     

     

     Deriving from the circuit above I got:

     

     *********** To get Lm, Cm, Bl from T/S params: *********

     

     

     Lm = cone mass in kg (this can be derived from efficiency and Qes 

          and Qms but I don't have the eqns)

     

      also 

     

     Lm = 1/( (2*pi*fs)^2 *Cm ) <- if you get Cm from Vas&Sd, see below

     

     

     Cm = 1/( (2*pi*fs)^2 *Lm )

     

      also

     

     Cm = 1.41E-5 * Vas / Sd^2

     

          the factor 1.41E-5 comes from 1/atmospheric pressure (Pa) * 

          air's adiabatic bulk modulus (adiabatic compression)

     

     Rm = sqrt(Lm/Cm)/Qms

     

     Bl =  Lm^(1/4) * sqrt(Re) / (sqrt(Qes)* Cm^(1/4))

     

     Cb = 1.41E-5 * Vb / Sd^2

     

     

     where:

     

     fs  = driver free air resonance

     Qes = electrical damping Q

     Qms = mechanical damping Q

     

     (take note:    damping factor (xi) = 1/2Q )

     

     

     

     from the above, we can derive the 

     

     ***********  impedance equiv circuit:  ***********

     

     

     

       --------- Re --------------

      |                     |  |  |

      |                     |  |  |

     Vin                    R  C  L      

      |                     |  |  |

      |                     |  |  |

       ---------------------------

     

     

     where:

     

     L = Bl^2 * Ceq

     

     C = Lm / Bl^2

     

     R = Bl^2 / Rm

     

     where:

     

     Ceq = Cm * Cb / (Cm + Cb)   - series capacitor eqn

     

     

     

     And the SPL output is simply a hipass filter:

     

                         s^2

     

     SPL(s)=  -------------------------------

     

               s^2/wn^2  + s * 1/(Q * wn) + 1

     

     

      (Q=Qts if free air, Qtc if closed box)

     

     

     where wn = 2 * pi * f      

      (f=fs  if free air, fb if closed box )

     

     

     

     *************** SPL equiv ckt:  *********************

     

     

       -------------- Ceq-----------o---o

      |                          |  |     

     Vin                         Lm R    Vout

      |                          |  |

       -----------------------------o---o

     

     where:

     

     

     R = Q * 2*pi*f  

      (f=fs  if free air, fb if closed box ) 

      (Q=Qts if free air, Qtc if closed box)

     

     where SPL out is Vout (not to scale)

     

     

     For a vented box, take the electromechanical equiv ckt and add a 

     branch across Cb, an LR series ckt:

     

     

                  -- Lp -- Rp --

                 |              |

          ... ---o----- Cb -----o-- ...

     

          

              where Lp = port air mass

                        also

                    Lp = 1 / ( (2 * pi * fb)^2 * Cb)

                         where fb = box tuning freq

                          

     

                    Rp = sqrt(Lp/Cb)/Ql (port losses: is Ql port losses?)

     

                         Anyone want to put in the different losses?

                         Box leakage would be a resistor across Cb?

     

     

     

     SPL out = vector diff of accel cone and accel Lp 

     

     

     I haven't derived the SPL out nor impedance equiv ckt nor cone disp.

     I just use the electromechanical ckt in PSpice or Brian Steele's 

      spreadsheet.

     

     

     Electromechanical model above gives lots of insights:  larger mass

     gives lower fs, higher Qms and lower efficiency.  Softer suspension

     lets one use a smaller sealed box, everything else is the same.  Etc,

     etc.

     

     Note: Model neglects radiation impedance.  Anyone want to fill this 

     in?  model can also include Bl vs displacement to yield distortion.

     

     

     Hope there are no typos nor grave errors, and that people will find 

     this useful.

     

     

     Dylan/Scott,

     

     if the above has no errors maybe this is worth posting as a file in 

     the archives, or included in some FAQ.

     

     

     Jason (jasoncuadra@astec-asia.com)

     





Date: Fri, 31 May 1996 01:28:30 -0700

From: Michael McCall <shamrock@voyager.viser.net>

To: advanin@giasbm01.vsnl.net.in

Cc: bass@mcfeeley.cc.utexas.edu, GlennTSC@aol.com

Subject: Re: Commercial speakers

Message-ID: <199605310828.BAA28637@voyager.viser.net>



At 09:31 AM 5/31/96 +0530, Mr.Navin M. Advani wrote:

>I needed some excitment so I thoght of stiring up a small storm. (I never

>thought I’d find the time to write this!)

>

>When we DIYers (and those hoping to be) build speakers we try to take of

>various irregularities and try to tune our speakers.  One reason I think why

>smaller manufacturers like ScanSpeak, SEAS, Dynaudio, Focal etc. survive is

>that their tolerances are tighter (this is especialy true of the T/S

>parameters) and we do not have to re-measure the drivers. Most of us DIYers

>do not have the facilities to do so anyway.

Unfortunately, in a typical production run of drivers, variances of

10-20% are common. If fs shifts by 20%, your calculated box tuning will be

off by at least that much. Vas can vary within the same production run of

drivers, so now your enclosure volume is off as well. The electrical

parameters change accordingly. This puts the user effectively in the dark as

to what the actual driver parameters are. All this assumes that there have

been no changes made in the driver they didn’t feel worth the cost of new

data sheets. Sadly, this happens all the time, and without measurements one

would not know. This leaves the hobbyist to “fiddle” with things until they

think they’ve got it right. However, they can’t really know for sure. Aquire

even basic test gear, and watch your accuracy go up. The best one can hope

for is that the published specs will be reasonably close.

        

>

>How do commercial speaker manufacturers take care of the irregularities

>between two drivers (same make and model)? There is no way they could

>individually test and tune each speaker system before shipping. It would be

>very difficult to make drivers with tolerances as tight as ScanSpeak, Focal,

>SEAS, Dynaudio and their like and in large volumes. Many of the better high

>volume driver manufacturers do not maintain their published specs as

>tightly, and cannot be expected to at those volumes and prices.

Commercial system manufacturers will in fact test the drivers as

they come in the door. While they allow for variance, the drivers must be

within a specified tolerance to be implimented into the finished system. The

ones that are out of spec are either returned, or sold to a wholesale driver

outlet. That will depend on the buying power and clout of the system

manufacturer. Granted, there are those who will use out of spec drivers

anyway, but we’re talking about the ones who care.

A few companies will go to the trouble to make minor adjustments in

the finished system due to driver variances. This is almost always limited

to the most fussy of companies. These are the ones who don’t build anything

until the order from the customer comes in. This level of craftsmanship

comes at a premium, and few companies go to this length. However, this is

how we do business ourselves.

>

>Very often I have seen specifications published by speaker manufacturers

>that are tighter than the specification published by the above mentioned

>driver manufacturers. In addition to this I’ve seen some ridiculous

>specifications: frequency response quoted to +/- 1 db, 8” woofers giving

>respose to lower than 20 Hz, etc. Some of these specifications are quoted by

>quite reputed manufacturers and the speakers they produce sound quite good.

>Why resort to such low depths?

With the proper test gear, it is possible to get the amplitude

response very tight, (+/- 1db) and many companies will take small drivers

down deep. Often sensitivity and distortion are the trade-offs’. One can get

an 8” driver to go to 20hz, the question is why would one want to? The

distortion factor goes up dramatically at the very least. However, amplitude

responses within 1db are achievable through extensive measurement and

design. Those systems cannot be purchased through Circuit City though.

>

>Why is it so difficult to get speaker manufactuerers to measure their

>speakers using a common set of  techniques and conditions. Why do we

>tolerate those that do not supply complete specifications, MSSLA plots, FFT

>response curves, whatever... with their speaker systems. Almost all other

>equipment manufacturers have to have their goods passed by independent

>testing houses why are speaker manufactuers exempt?

The answer to this is money, and the fact that few would really

understand what the graphs really meant. Also, who buys speakers by the

numbers? Any information of that nature would be cumbersome and expensive to

provide to the consumer. Independant testing houses like UL are incredibly

expensive. A manufacturer may be required to send dozens of samples which

are simply destroyed. They are also required to pay thousands of dollars in

fees. If the product passes their tests, they get a sticker to put on the

speaker indicating that there’s a good chance they won’t catch fire and burn

the house down. Six months to get through the process would be considered

very fast. This would have to be done for each and every product the company

offered. And you thought speakers were expensive now, what would they cost

under these circumstances?

>

>I’ve never measured my speakers much less to within +/- 3db that seems to me

>the rigueur today. I figure that if one uses good raw materials, design,

>labour, common sense, etc. the end result should be good. How many of us

>could honestly say that are speakers would pass the specs of say Bose, Polk,

>etc. Some time ago I saw one of them advertise a 5” two way down to 50 Hz in

>a 9”x6”x6” box. I cannot even get a decent 6” to do that in twice the volume!

Suggested reading would be Dr. Floyd Toole’s 1986 JAES papers

discussing measurements and their correlation to what we hear. Stereophile

also did an interesting look at response variations vs recommendations. John

Atkinson looked at 74 speaker systems broken down into catagories based on

their response variations. 17 systems had variations of less than 2db, and

14 were recommended. The next catagory was 2-2.5db, consisting of 13

systems, 10 of which were recomended. Viewed as a percentage, 82.35% of the

systems with response variations under 2db got a recomendation, while 76.92%

of the systems with response variations of 2-2.5db were recomended. The full

article can be read in the October 1991 issue Vol.14 No.10,pp. 205-212.

>

>Ok! I guess that’s enough cribbing. Just some food for thought. And another

>reason to build your own speakers!

>

>Cheers!........ And have a good weekend!

>

>Regards

>Navin

>



Your questions are good ones to ask. The average hobbyist simply has

no way of knowing why or how certain things are done. Extensive study will

reveal many of the answers, but unless you’re sick enough to do this for a

living there’s not much point. The information is there for those who just

have to know, but you’ll have to work hard to get it. Then, the hard part is

taking what you’ve learned and applying it. I must admitt that I sometimes

miss being a hobbyist. In some ways, it was more fun. Maybe that’s because

it was just for fun, and now it’s food on the table, long hours, and lots of

criticism.



Keep learning, but above all...have fun!

Mike McCall

Shamrock Audio

shamrock@viser.net

(503) 873-3755



Enclosures



Variovent (Again)



\

Date: Thu, 9 May 1996 18:04:33 -0400 (EDT)

From: Peter Basel <peterb@lsil.com>

To: bass@mcfeeley.cc.utexas.edu

Subject: Re: Variovent and lossy vented systems

Message-ID: <199605092204.SAA16178@wms1.lsil.com>



Seems that there is quite a bit of confusion about aperiodic, variovent,

lossy vented, etc. type systems.



Paul Shepherd writes:



>A)  The mass of air in a variovent would be incredibly small 

>compared to any normal vent.  What would this do to performance?  

>Could it be modeled by a passive radiator of zero mass and extremely 

>low compliance?



Yes the mass can be ignored when it is small as in case 2 below.  A

passive radiator model is not appropriate.   I see three classes of

simple lossy vented systems:



   1.  Ported to a low frequency with damping material in or over the

       vent.  Paradigm and others have done this and Thiel analyzed this

       type of system in his famous papers.  The model is a mass with

       resistive losses.  It is strictly forth order but approximates

       a third order system since the Q of the box section is very

       low as a result of the damping material.



   2.  Ported with a big port as in the Dynaco A-25 and the Variovent.

       When I first read Thiel's paper's I thought that his alignments

       couldn't be applied to these systems since his box tuning was

       low and these systems are typically tuned high due to the large

       short port.  Small actually analyzes this in his PHD Thesis by

       ignoring the mass load, this is probably reasonable since it's

       effect is small.  The system as he models it is third order.



    3. The third type has small port area and is therefore tuned to

       a very low frequency.  This is typified by the old Audio Concepts

       subs with small holes for vents covered by damping material.  The

       frequency response should be very close to a sealed system, with

       extra damping provided by the leak, since a

       vented system's frequency response approaches that of sealed as Fb

       approaches zero.  It may have an advantage in distortion since the

       leak reduces the effect of air nonlinearity.  Yes folks air is

       nonlinear, read Small's PHD thesis if you don't believe it.

       I thought that the small ports would have nonlinearity problems

       in themselves but since the volume displacement is small port

       linearity may not be an issue.  Many have commented on the

       outstanding performance of these systems.



Note that Small covers many lossy system configurations in his PHD Thesis,

yes, I have a copy.  I haven't seen this thesis work on lossy systems

in the JAES but it may be there.



It should be noted that both Thiel and Small state that better (lower

F3/smaller box/higher efficiency) systems can be designed as optimal

vented or sealed.  Simply stated you get a better Figure of Merit with

optimum sealed or vented.  The most common reason for using a lossy

vented system is to force a driver into a smaller than optimum box

which if sealed results in high system Q and peaking in the frequency

response.  The loss often completely flattens the frequency response

with the undesirable side effect of a faster transition band, higher

F3 and elimination of any linearity improvement through acoustic

suspension loading.  Small says, and I agree, that it is better to

keep the box sealed and lower the system Q by adding damping

material directly over the back of the driver.  This lowers the

drivers effective Qms, provides a lower F3, and maintains acoustic

suspension loading.  I think that the type 3 system above also has

some merit.



These systems can be modeled by starting with a low loss vented system

that models the case above that you have chosen.  Then increase the Qp loss

and/or adjust Fb until you get the desired frequency response.  Note that

BoxResponse and PerfectBox are not suitable since they only model Ql and are

not accurate for Ql < 3, however Boxmodel does model Qp and is accurate for

low Q values.  Build the system with no damping material and adjust the

port area/length to get the simulated Fb, then add damping until Qp is

lowered to the value used in simulation.  Or add damping for the best sound.

Someone mentioned vents with valves, I've never heard of such things.

They are a bad idea as their nonlinearity would result in distortion.



Someone also mentioned dual chamber sealed systems.  Small points out

that Benson once built this type of system, then analyzed it.  After

his analysis Benson stated that the best dual chamber system is a

single chamber.  I trust Thiel, Small, Benson, etc. they back up their

conclusions with detailed analysis.  Of course things are  not always so

simple and perhaps in special cases such as odd enclosure dimensions a

double chamber may be the only solution.  There may also be many double

chamber configurations that on analysis degenerate to a single, these

may also be acceptable.



-Pete Basel









------------------------------



Date: Wed, 15 May 1996 18:33:43 +0200

From: Per Malare <malare@dalnet.se>

To: peterb@lsil.com

Cc: bass@mcfeeley.cc.utexas.edu

Subject: Lossy vented systems

Message-ID: <199605151633.SAA10087@flash>



On Thu, 9 May 1996 18:04:33 -0400 (EDT) Peter Basel <peterb@lsil.com> wrote

about lossy vented systems and how to model them.



I will try to describe what I've found out about lossy vented systems and

especially about acoustic damping of the driver as described in Small's PHD

Thesis. 

I've been trying to get to the bottom of what happens acoustically when you

put damping material behind the drivers basket. I searched in AES and IEEE

papers trying to find some models which described the different types of

damping that have been used throughout the years but there were nothing

exept references to a paper that Small said he was going to write later on.

Apperently he never did write that paper because the listings of papers did

not contain any sign of this article about acoustic damping.

I finally got in touch with Small after some detective work (well, it wasn't

that difficult) and he told me that he never had time to write the paper

about acoustic damping but the material was included in his PHD Thesis so he

sent me photocopies of the chapters including these subjects. (All other

materials in his PHD Thesis was published earlier). These chapters are about

"Driver damping and variations of the closed-box system" and "Variations of

the vented-box system". Now it just happens so that the damping system I use

is not described in this chapter about vented-box systems. What I made is

some sort of combination between the "acoustic damping of the driver in a

closed box" and a frequency dependent mass-load to the driver. And I use it

in a vented box! This makes it a little complicated for me because I do not

have anything that is written before to look at when I'm trying to simulate

the effects of what is happening.



When I've tried to simulate what is happening I did it this way: First I

measured the impedance curve of the driver with and without additional mass

so I could use CALSOD to calculate the T-S parameters. When CALSOD makes the

optimization it uses a file with a circuit description that I use as a base

for the electric equivalent circuit. I use the values that CALSOD got and

add a resistor in series with the capacitance (Cmes) in the circuit. This

resistor is supposed to be the acoustic radiation from the driver (I hope

this is right, and that this is the right place for it). I have to do this,

otherwise CALSOD gives me an error message because it "thinks" that I want

to do a T-S parameter calculation. Then I can optimize the values to fit the

original impedance measurments without additional mass. This is a bit

complicated way to do it but I've found out that this gives me the most

accurate result for an electric equivalent circuit of that specific driver.

I also found out that it's absolutely necessary to have a _very_ accurate

driver model when you carry on with the next step in modelling the damping

effects.



In the beginning of my efforts in modelling I got some confusing results. I

had to put in an extra inductor in series with Lces when I was trying to fit

the model to the measured impedance curve that included damping. This means

that the compliance of the driver should increase when you added damping but

no one I talked to could explain why this happened. I asked Small about this

and he said that there was probably something wrong with the model. He

suggested that I should use lumped circuits for modelling Le and also Lces.

In this way I might get a circuit that was more correct than the

approximation that is used in the ordinary models. I tried this but it was

very difficult to get a lumped Le to be accurate. Anyway it looked like the

main problem in the circuit model was with Le. Then I found out the way to

"fool" CALSOD [sorry Witold :-)] and this is the best method I've found out

yet. This is so accurate that you will get different results when you do the

measurments with the driver horizontally or vertically. When I add damping

to the driver and measure it with the face horizontally (and of course all

the other measurments in the same way) I will get this increase in

compliance that I got from the beginning. This must be a result that tells

you that mounting a driver in the bottom of an enclosure facing downwards

will change the parameters of the driver. If I on the other hand do all

measurments with the face of the driver vertically I don't have to change

the Lces to get an accurate result. Now that I have an almost exact model of

this driver (the error in CALSOD optimization is about 1.8% for this driver

I'm talking about up to 1000 Hz) I set these values fixed and go on to the

next step.



As the second step in my modelling I introduce the components that

represents the damping caracteristics. In my constructions I've come to the

conclution that there is three components that is valid (A description of

these components comes in the end of the letter). Then I optimize these

values to fit the measured impedance curve _with_ damping (The drivers

"components" are fixed and the damping "components" can vary). If I then get

an error that is almost the same as without damping I guess that I'm quite

right in the modelling. This procedure is in my opinion valid for all types

of damping. You just have to build a circuit that is good model of your own

construction and this is where Smalls work on Acoustic Damping comes in as a

reference because it covers almost all types of designs. 



As the third step I introduce the components representing the enclosure

characteristics. I set all the previous components fixed and let the

enclosure components vary and then I optimize to the impedance curve from

the finished loudspeaker. This way I get the losses from the enclosure and

the port. When I do this on my loudspeaker constructions I get a value of

Reb that is very high, and a value of Rel that is very small which means

that the enclosure losses are very small. The losses are in the special

damping instead.



An ASCII drawing of the electrical equivalent circuit of my loudspeaker

construction method looks like this:



                                                   Reb

                                                +--/\/\--+

                                                |        |

          Rg       Re       Le                  |  Lceb  |  Rel

      1--/\/\--2--/\/\--4--OOOO--5--------------6--OOOO--7--/\/\--8-----+

      |                          |              |                 |     |

      |                          |              |                 |     |

      |                  +-------+-------+      +--------+        |     |

   +-------+             |       |       |      |        |        |     |

   | /\    |             \       |       O      \        \        |     \

Eg |/  \  /|         Res / Cmes === Lces O  Red /  Rmed  /  Cmep ===    / Rep

   |    \/ |             \       |       O      \        \        |     \

   +-------+             |       |       |      |        |        |     |

      |                  +-------+-------+      |  Cmed ===       |     |

      |                          |              |        |        |     |

      |                          |              |        |        |     |

      0--------------------------+--------------+--------+--------+-----+





Eg   = Output voltage of amplifier

Rg   = Resistance of amplifier and cables

Re   = DC resistance of driver voice coil

Le   = Inductance of driver voice coil

Res  = Corresponds to driver suspension resistance

Cmes = Corresponds to driver mass

Lces = Corresponds to driver suspension compliance

Lceb = Corresponds to enclosure compliance

Cmep = Corresponds to vent mass

Rel  = Corresponds to enclosure leakage resistance

Reb  = Corresponds to enclosure absorption losses

Rep  = Corresponds to port resistance



I included these three components that corresponds to my type of damping:



Red  = Corresponds to acoustic damping resistance

Cmed = Corresponds to mass of air trapped between cone and damping material

and also air in the damping material itself.

Rmed = Has to be there to get the model right (Anyone got an idea how to

explain it?)



The credits for the ASCII drawing goes to Witold Waldman who sent me the

original which I later completed with my components.



The results of all this modelling is as far as I can see, that if you break

out the three components I introduced Red, Cmed and Rmed and put these in a

circuit to be able to see the effect of them, that the damping is frequency

dependent. In my figures the damping increases below a certain point which

can be defined by experimenting with the compression of the damping material

and the amount of air that is inside the damping material (the size of the

damping material). Somewhere there is a very important breaking point. If

you find it you suddenly get a very "open" sound that sounds natural. I

can't yet tell where it is but I guess that the point has something to do

with the damping of the cone excurtions for frequencies lower than F3. It

could be that you get the controlled cone that so many "closed box people"

like. But then you also get much lower distortion in the effective frequency

range with a vented box. 



Well, this was a desription that perhaps some of you would like to comment.

I'm interested in getting further additions or pehaps corrections to this

model. I hope I will hear from you.



Per



-------------------------------------------------

Per Malare  Cabinetmaker  eMail: malare@dalnet.se

Nordakers Specialsnickeri      Gagnef      Sweden

homepage:     http://www.dalnet.se/~malare/aurus/

-------------------------------------------------



Date: Fri, 7 Jun 1996 14:20:46 -0500 (EST)

From: John Busenitz <busenitz@ecn.purdue.edu>

To: Thomas VanHorn <tvanhorn@mm.com>

Cc: bass@mcfeeley.cc.utexas.edu

Subject: Re: Variovents & etc.

Message-ID: <Pine.SOL.3.91.960607125535.14446A-100000@hobson.ecn.purdue.edu>



On Thu, 6 Jun 1996, Thomas VanHorn wrote:



> This is a thread on the stuffing of ports and the effects on vented

> loudspeaker systems speciffically near SYSTEM resonance.



I know, but we can wander, can't we? That's what makes it a fun

and educational forum for all of us, Mr. Professor! ;-)



> But does this really matter ?  What we were discussing was adding

> resistance to a fourth order vented SYSTEM comprised of a driver and a box.

> Adding resistance to a SYSTEM by obstructing the port changes Ql. AS Ql

> decreases, output decreases, hence effeciency decreases.



Resistance (in stuffing a port) is NOT adding a series resistor to

the whole system. It is merely increasing the losses in a particular

branch of the model of the filter. Thus, output NEAR RESONANCE will

decrease, but not output across the board.



> We were not comparing sealed to vented boxes.



In effect, we were. I remember Brian Steele's analogy of a vented box

with a vent obstruction whose impedance varied. A vented box is one

extreme, a sealed box is another, and a system with a stuffed vent

lies in between somewhere.



> That explanation may work for readers of Stereo Review !?!



Does it not work for you? The compliance of the air in the enclosure

combines with the compliance of the suspension, resulting in a "new"

suspension with a new compliance.



> Add additional rewsistance and output of the SYSTEM WILL BE REDUCED

> requiring AS I Said before:



Not at all frequencies, though. Just near system resonance. The

system efficiency is dependant upon the driver efficiency alone.



> Increase in cone excursin for hte same input.



At SOME frequencies.



> Increase in F3

> Decrease in OUTPUT  effeciency  Get it now?



I've never disagreed in the first place, as long as you aren't

claiming that the system efficiency changes. The bandwidth changes,

which means that low-frequency efficiency changes, but not n0

(eta naught).



> Because increasing Ql increases Qts.  John B have you read anything on T/S



Qtc, maybe. But changing box losses has no bearing on the parameters of

the driver one uses. Are you saying that if one inserts a driver into

a box with a higher Ql, the drivers Qts will magically increase?

Besides, vented enclosure systems aren't really described with closed-

box parameters like Qtc.



> theory?  The losses for a vented system are Q b= 1/Ql + 1/Qa + 1/Qp.

> 

> The reason people stuff ports is to get one or more of the above.  If they

> only know that changing the vent dimensions can acheive the some resluts,

> no one would think about using stuffed ports.



I agree that there is no advantage to DESIGNING a stuffed-port system,

but stuffing the ports of an existing system can improve the performance

of a boomy-sounding loudspeaker.



>   Above resonance the output will be very similar.  The reason we use boxes

> is to extend the bass below the drivers normal rolloff.



"Normal rolloff" meaning the cutoff of the driver in a sealed enclosure?

The f3 of a vented enclosure system will not necessarily be below Fo

of the driver.





> We were talking about resonant loudspeaker SYSTEMS. Drivers don't operate

> in a vacume.  Drivers and boxes comprise a SYSTEM and how this system

> responds is largly a result of how we load the driver in the SYSTEM. We do

> thses things to modify the free air characteristics of a driver. basically

> to decrease the frequency where the bass rolls off.  Again it is a SYSTEM.

> You are ignoring the effect of the box and its loading on the driver.



I completely agree with your points, but the fact remains that

system efficiency is solely determined by the driver. I used the

sealed box vs vented box illustration to show that, with the same

driver, broadband efficiency will be the SAME, no matter the

enclosure used.



>  A better explanation is of degree. The difference between 2ed and 4th

> order system's curves illustrates this. While the second order rolls off

> slower it also does so sooner.  Increasing a vented systems port resistance

> by stuffing it has the three effects listed above.



I agree, except for the part about decrease in efficiency.



> By the way John, Did you READ Thiele' paper yet ?



Some of it. I haven't had time to really study it yet. I DID notice,

however, that nowhere did he claim that efficiency is reduced. Excursion

is increased, but efficiency DOES NOT CHANGE. Excerpt from "Loudspeakers

in Vented Boxes", A.N. Theile, JAES, Part XI:



 It will be seen that although the box had the same

 volume, the cutoff frequencies for the resistively 

 loaded alignments are 1.32 and 1.42 times higher 

 than no. 5 of Table I [a standard B4 alignment].



 ...the excursion of the speaker near cutoff

 frequency is greatly increased.



Basically, he says that designing a system with a stuffed port is

unnecessary and wasteful, which I have NEVER contradicted. But he

NEVER says that efficiency is reduced. Just for kicks and giggles,

I talked to Richard Small (yes, The Man; I work with him), and he

said basically the same. Reference efficiency is dependant on the

driver alone. The only "efficiency" that changes is efficiency 

below cutoff, which is not a true measure of broadband or real

efficiency. And Dick knows!



_____________________________________________________________

John Busenitz                         busenitz@ecn.purdue.edu

P.U. ECE               http://cernan.ecn.purdue.edu/~busenitz

Disclaimer: My statements do not represent Purdue University.



Vented 
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Date: Wed, 8 May 1996 10:19:35 -0400 (EDT)

From: Peter Basel <peterb@lsil.com>

To: bass@mcfeeley.cc.utexas.edu

Subject: Dave Dal Farra discussion with Pete Basel, part 1 lossy vented

Message-ID: <199605081419.KAA06092@wms1.lsil.com>





Dave Dal Farra and I had a nice off-line discussion a while back,

Dave posted his part and I'm finally getting around to mine, part 1,

hope it's of interest:



What did you plan to do with these drivers, if you don't mind my asking?



>I wanted to try a "point of singularity" vented, so one set will go 

>into a Bessel with high losses ("Ql" from 1 to 3).  The Qts is just 

>about perfect.



Are you assuming low Ql's because you plan to use a lot of damping

material, or are you trying to get a gradual transition band?  I

do usually use more stuffing than traditional but I hope my Ql isn't

getting that low.  I prefer to get a gradual transition band by using

a smaller box.



>Yes on both counts!  The friend I'm making these speakers for wants 

>against wall mounting.  Right off the bat, that necessitates a gradual 

>transition band in the low end to account for room loading.  This is a 

>natural 4th order extension of the second order in-room study by Ballagh.



I had been speculating on much of what was in the Ballagh study so I was quite

interested to read it.  Yes I think that the 4th order extension is valid.



What I meant by this is that for a long time I've thought that a 4th order

system with a gradual transition band closly matches room gain to provide

fairly flat in room response.  Dave mentioned the Ballagh paper the first

time I mentioned this which showed that a properly damped and properly

placed second order system would indeed match the room gain.  Dave and I

are saying that a 4th order vented system can also do this if the

frequency response is similar to the required second order system hence 

Dave's: "4th order extension of the second order in-room study by Ballagh".

I think that many people who prefer 2nd order systems are hearing the

smoother in room frequency response and not transient response as they

might think.



BTW, I notice that many T&S users seem to think that they are limited to

discrete alignments.  I just dial in the design that I want and check for

reasonable frequency response and power handling.  If the frequency response

is reasonable then the phase and transient response will be also since it

is a minimum phase system.  I actually think that the traditional B4 and

B6 alignments could lead to a boomy sound since they're flat down to too

low in frequency and are thus a bad match for room gain.



>I've never really liked what I've heard from most venteds as you could 

>always hear the box in the upper bass IMO.  My hunch is that they don't 

>use enough damping in order to keep box size down and not lose precious 

>Hz.  Since my friend's also quite happy with a box up to 60 liters, I put 

>all these points together and the answer was a high loss vented, with a 

>shelved and gradual type of alignment.  



I don't hear the upper bass problems in good vented systems such as 

Thiel 3.6, PSB Stratus Golds, B&W801s and some of my own designs.

I've heard many vented systems that are tuned for the mass market

that were quite bad but I assume that the designers wanted that big

boomy bass sound.  Even B&Ws lower cost DM640 sounds quite boomy.



Adding absorption will lessen the displacement reduction of vented

systems this is why I prefer a smaller box.  This is supported by

the fact that B6 alignments see strong reduction.  Dave and I are

really agreeing to a large extent.  Dave is experimenting with stuffing

in the box while I'm experimenting with smaller boxes and moderate

stuffing.  We're both working to get gradual transition bands.



I have seen shelving as you mention, I think it's a BB4 alignment that

I saw in a Speaker Builder article.  I usually start with Vb = Vas,

Fb = Fs without worrying about Qts, then I reduce Vb to the desired

volume and adjust Fb for desired power handling.  This often results

in something close to a B6 without the filter which is close to a 

Bessel alignment.  I usually see a smooth and gradual transition band

without much shelving.  I then reduce Qms if needed to eliminate peaking

and add damping material directly behind the driver to implement this

Qms reduction.  It is interesting that this type of overdamped

alignment has a transition band similar to a low Q second order system.

They should have similar transient responses since the systems are

minimum phase.



-Pete Basel





------------------------------



Date: Wed, 8 May 1996 10:38:06 -0400 (EDT)

From: Peter Basel <peterb@lsil.com>

To: bass@mcfeeley.cc.utexas.edu

Subject: Dave Dal Farra and Pete Basel discussion, more part 1

Message-ID: <199605081438.KAA06142@wms1.lsil.com>



I chopped part 1 in the wrong place here's some more:



I strongly believe, currently, that it is frequency response 

that matters not transient.  I haven't done extensive experiments

to support this so maybe someday I'll be convinced otherwise.



>Regarding the subjective effects of low frequency ringing and group delay.  

>Most all raw drivers are minimum phase so we can look at the phase/time 

>and magnitude responses of a single driver with equal validity.  Olive 

>studied the subjective effects of resonance ("transient response"), and 

>came to a soft conclusion that its not the ringing time, but the energy in 

>the impulse response that determine audibility.  Of course, the energy 

>defines the Q of the resonance: ie the frequency response!  From an 

>audibility of resonance view point alone, there's strong evidence stating 

>that the ringing time is of importance only in how it impacts frequency 

>response.  So, a high Q resonance at 1 kHz is more defined by the energy 

>in the first few ms than the actual ringing time.  In the lower frequency 

>region, we must extend this "few ms" out to capture the energy at the 

>frequencies of interest.



Right but we could take a second order system and add an electrical allpass

to simulate the transient response of 4th order systems and artifically isolate

the two allowing A/B comparisons.  My intuitive guess is that the transient

response differences between "good" 4th order systems and 2nd order would be

inaudible.  But I'm open on this one, experimentation is needed.



-Pete Basel



------------------------------



Date: Tue, 21 May 1996 10:33:49 +0200

From: Per Malare <malare@dalnet.se>

To: chris.hart@its.maynick.com.au

Cc: bass@mcfeeley.cc.utexas.edu

Subject: RE: Lossy vented systems

Message-ID: <199605210833.KAA13952@flash>



On Tue, 21 May 1996 10:44:23 +-9-30 you wrote:

>Re a comment on vented box driver damping made by Per =

>Malare[SMTP:malare@dalnet.se] :



>> Somewhere there is a very important breaking point. If

>>you find it you suddenly get a very "open" sound that sounds natural. I

>>can't yet tell where it is but I guess that the point has something to =

>>do

>>with the damping of the cone excurtions for frequencies lower than F3. =

>>It

>>could be that you get the controlled cone that so many "closed box =

>>people" desire.



>I don't know if this is a dumb question, but what disadvantages are =

>there in putting bi-polar capacitors in series with a bass driver, to =

>reduce power to the driver below F3? ie, could use a simple bandpass C-L =

>series circuit. Consider the driver impedance curve, and select values =

>of C to set a suitable roll-off that doesn't affect the =

>vented-box-driver roll-off?=20

>Ok, you'll need larger values of capacitance than for a mid-range, and =

>watch the voltage specs, but the cost shouldn't be prohibitive?



>I welcome your comments.



Thiele wrote about these auxiliary filters in his "Loudspeakers in vented

boxes: Part II" where he sais: "The excursion  below resonance is reduced

greatly in both vented box and infinite baffle when an auxiliary highpass

filter is used. The first-order auxiliary filter gives a good improvement

especially in view of its simplicity. The second-order auxiliary filter not

only allows a greater reduction of cone excursions, it also allows the use

of three separate box alignments for the same responce and allows box volume

to be traded for amplifier power in the case of the vented box."



This was written in 1961 so it seems that there is nothing new in this

world. At that time the amplifiers were not as powerful as today (and their

damping factors were quite low) so I guess that these filters aren't

necessary today. The effect of an auxiliary high-pass filter in other

respects have been discussed earlier in this list and there seems to be many

different ideas on how they work but I haven't yet seen anyone recommending

it. This was discussed in connection to closed boxes so perhaps there would

be some difference in the matter of vented boxes?



I haven't used the system myself because the damping I use makes a similar

effect (at least it seems to work that way) but I can't see any harm with

using these filters. (exept the way B**E uses it, to boost the bass with a

driver that can't handle it :-)



Per



Oil-Canning in Vented Enclosures



Date: Tue, 04 Jun 96 11:48:56 EST

From: jasoncuadra@astec-asia.com

To: brian@mail.caribsurf.com (Brian Steele) 

Cc: bass@mcfeeley.cc.utexas.edu

Subject: Re[2]: dynamic offset and oil-canning

Message-ID: <9605048339.AA833914136@smtpgw.astec-asia.com>









Brian wrote:





>This anomaly, dubbed the 

>"oil-can effect" by Don Keele, results in dynamic offset of the voice coil. 

>The offset problem, a nonlinear phenomenon, occurs as the driver is being 

>driven towards its Xmax limitation.  As the coil moves to a position where 

>more turns are out of the gap, BL decreases, back EMF decreases, and the 

>coil draws more curent, pushing the coil even further out of the gap and 

>thus creating distortion.

>     





     Jason replied:



>     There seems to be something wrong with this type of reasoning.  As BL 

>     decreases, so does the force pushing the cone out.  





>



Brian again:



Ah, but the current flow increases - and the force is dependent on the 

product BL*I, not just BL.  



The variation of BL with respect to the position of the voice coil won't 

change at different frequencies, but the current flow will be dependent on 

the signal frequency and the position of the voice-coil.  The inductance 

should vary significantly as the voice coil leaves the gap.  



After thinking about it a bit, my guess is that the oil-canning will occur 

where the signal frequency is both low enough to allo the coil pass Xmax 

before reaching its thermal limit at moderate levels, AND high enough to 

produce significant variations in current flow when the coil passes Xmax.



     Jason again:





     I did some more simulation, and was finally able to get some 

     "oil-canning".  Here are my conclusions:



     Dynamic offset and oil-canning are 2 different things.  Dynamic offset 

     is when the center-point of the cone motion obviously moves out of the 

     normal resting position.  Oil canning is when the cone flails in and 

     out, out of control, out of proportion to the input signal.  Both 

     happen much more easily with ported enclosures than with sealed 

     enclosures.  Sealeds have a "DC" restoring force on the cones that 

     greatly prevent it.



     Dynamic offset usually occurs when the magnetic flux is assymetric 

     about the cone resting position.  This assymetry also yields high 

     second order distortion.  Hi cone motion in assymetric flux drivers 

     produces this, ported or sealed.



     When a cone "oil-cans", it can also, at the same time, exhibit dynamic 

     offset, even if there is no BL assymetry.  The interactions are quite 

     complex; this is a non-linear phenomenon, like non-linear control 

     systems with chaotic behaviour.



     A cone oil-cans when the drive signal is such that the cone moves 

     excessively, into the region where the magnetic flux is weak.  Current 

     does not go up excessively, and it is not high current that makes it 

     jump out.  It is simply the momentum of the cone.  And since BL is 

     weak, it exerts little force on the cone when the drive signal 

     "commands" the cone to return.



     To prevent oil canning, limit excursion.  Especially for porteds.  

     Place a second order filter at or slightly below fb.



     Hope this is helpful.



     Jason







Isobaric

Date: Wed, 15 May 1996 15:28:12 -0600 (MDT)

From: Douglas Purl <dcp@selway.umt.edu>

To: Paul Shepherd <PAULS@ASMS3.k12.ar.us>

Cc: bass@mcfeeley.cc.utexas.edu

Subject: Re: push pull woofers

Message-ID: <Pine.OSF.3.91.960515150055.12059B-100000@selway.umt.edu>



On Tue, 14 May 1996, Paul Shepherd wrote:



> The small air space in an isobaric setup does not act the way we 

> would like it right? (non-linear, compression, etc...)  Could heavy 

> cardboard tubing be attached between the cones to have a better 

> cancellaction of even order harmonics? (the system would then also be 

> mass loaded of course.)  say a 3" tube glued FIRMLY around both dust 

> caps, with a larger (6" maybe?) tube glued outside of that?    Of 

> course, this would require a large space between the two woofer in 

> order to glue them together.   Would this work?



Let's take this as an intellectual exercise.  Let's presume we could assemble

such a unit and that it was stiff enough to function as one driver.  (Won't

be easy to glue and assemble this jury-rig.) The mass of the two drivers

would be at least doubled, and probably quadrupled.  But for the sake of the

argument we will take doubled.  Now the box volume must be halved again to

compensate for the increase in mass.  (For two 1259's the box volume would be

under 3/4 of a square foot.)  Now we are dealing with some serious pressure

variations in the box.  The inner cone is pumping an air compressor of modest

rating.  The outer cone is engaging the room air, where pressure variations

are comparatively small.  Under such conditions the isobaric space is

unlikely to remain isobaric, notwithstanding the connecting tube between cone

apices.  We will have a new distortion-generating mechanism.  Since cones are

generally concave/convex (by definition), they resist deformation more

effectively when pushing than when pulling.  Here is a potential for

non-linear distortion.  And there is also the issue of the tremendous shear

forces the cones will be exposed to.  The configuration will be working

overtime to destroy the moving parts, espcially of the inner driver. 



There is another penalty.  If we increase mass without increasing motor

force, sensitivity will drop.  We have built a very heavy moving system,

increased distortion, decreased life, reduced sensitivity, and increased

thermal.  We still have no more volume displacement than with a single

driver, and thus have not raised max SPL.  For an SPL equivalent to a single

driver we have enormously raised amplifier requirements, presuming the voice

coil can absorb the multiplied heating load.  The question arises as to what

benefits the method confers. 



Doug Purl



Date: Thu, 16 May 1996 17:51:15 -0600 (MDT) 

From: Douglas Purl <dcp@selway.umt.edu>

To: Peter Basel <peterb@lsil.com>

Cc: PAULS@ASMS3.k12.ar.us, bass@mcfeeley.cc.utexas.edu 

Subject: Re: push pull woofers

Message-ID: <Pine.OSF.3.91.960516171227.19110A-100000@selway.umt.edu>



On Thu, 16 May 1996, Peter Basel wrote:



> Doug Purl wrote:

> 

> >     We will have a new distortion-generating mechanism.  Since cones are 

> >generally concave/convex (by definition), they resist deformation more

> >effectively when pushing than when pulling.  Here is a potential for

> >non-linear distortion.  And there is also the issue of the tremendous shear 

> >forces the cones will be exposed to.  The configuration will be working

> >overtime to destroy the moving parts, espcially of the inner driver. 



Pete says:



> Let's remember that the cones are driven and moving inphase.  I think that 

> these issues are no worse than a single driver working alone.  I don't see 

> anything in theory or practice that supports this theory.



Doug says:



In the isobaric configuration, one side of the outer woofer and one side 

of the inner woofer work against loads.  The other sides look into the 

isobaric chamber, which functions theoretically as an air shim.  If this 

shim remains in constant pressure ("isobaric"), the outer driver sees the 

load of the inner driver and vice versa.  It is the norm in sealed 

boxes that the box air load is greater than that of the room air load.



With a very small sealed chamber for the inner woofer, it is possible for the 

inner cone to be subjected to forces many times those seen by the outer cone. 

Under such conditions, it is unlikely that the isobaric chamber will remain 

isobaric, unless the cones are very stiff indeed and cannot be flexed from 

the driving forces exerted by the voice coil at the cone apex.  For example, 

if you excurse the 1259 1/2" in a 1200^3 inch cavity, you will get about 40 

inches of displacement and a pressure variation of 80" peak to peak in the 

volume of the cavity.  These are not Mickey Mouse forces.  And these 

extremely high forces would result from the necessity of compensating for 

the additional driven mass by reducing the chamber size.



Doug said earlier:



> >There is another penalty.  If we increase mass without increasing motor 

> >force, sensitivity will drop.  We have built a very heavy moving system, 

> >increased distortion, decreased life, reduced sensitivity, and increased 

> >thermal.  We still have no more volume displacement than with a single

> >driver, and thus have not raised max SPL.  For an SPL equivalent to a single 

> >driver we have enormously raised amplifier requirements, presuming the voice 

> >coil can absorb the multiplied heating load.



Pete says:



> The motor force *does* increase since the two driver motors work together. 

> Voltage sensitivity does not drop it stays the same for the parallel

> connection.  The thermally limited output is the same since the input power 

> while doubled is divided between the two drivers.  There is no "multiplied 

> heating load".  The amplifier current is simply doubled, not a big deal for 

> amps that can drive 2 - 4 ohm loads.



Doug says:



Of course the motor force doubles, but the mass more than doubles.  Along 

with the second motor there is another set of moving parts identical to the 

first.  The doubled mass is accompanied by doubled motor force, so those two 

are a wash.  But the poster was speaking of gluing a tube between the cones, 

adding additional mass without additional motor force.  Thus the ratio of BL 

product to mass drops and sensitivity declines perforce.  For my example 

I assumed the added coupling mass was equivalent to the mass of the two 

drivers.  Thus box size had to be quartered rather than halved, as in 

ordinary two-driver isobaric chambering.



Pete says:



> My impression is that there are true benefits regarding driver distortion 

> and box volume.  The theory of coupling cavity air distortion is a

> myth, distortion due to the reduced rear cavity volume is real but gradual 

> in nature.



Doug says:



I believe the context in which I replied was for isobaric plus coupling 

tube.  Perhaps you missed that, Pete, since your arguments express 

paradigmatically the ordinary isobaric configuration.



> and Paul Shepherd wrote:

> 

> >In a perfect (physical) world, yes, there would be no pressure variations, 

but 

> >I believe several people on the list have argued otherwise.  For a 

> >convincing argument against the generally accepted improvements 

> >because of isobaric design, (did that make sense?) read the review of 

> >Radioshack's book in the last Speaker Builder. 



Pete responded:



> IMO the Speaker Builder article was *not* a convincing argument, no analytical

> or experimental data was given just unproven theories, don't believe

> everything you read.



Doug adds:



I agree with Pete here.  The argument present by the Speaker Builder 

reviewer I found unpersuasive.



Pete caps it off:



> I'm not a fan of the isobarik configuration but let's not propagate 

> misinformation.



And Doug adds:



And I hope I am not a contributor to the misinformation.  Every time, 

however, I read something by an isobaric proponent, it assumes perfect 

behavior by the moving components.  If only the loudspeaker world were 

composed of perfect pistons.  When I am told that a specific loudspeaker 

loading method confer benefits without tradeoffs, an instinctive concern for 

my wallet overwhelms me. 



If the isobaric configuration works as coach sketched it on the 

blackboard, there is no need for a rigid coupling between the cones.  In 

fact, were they rigidly coupled, the isobaric phenomenon would be 

irrelevant to operation of the resulting speaker, which now effectively 

places two diaphragms and motors on one voice coil.



Doug Purl



Dipole Subwoofers



------------------------------



Date: Sat, 8 Jun 1996 03:19:13 -0600 (MDT)

From: Douglas Purl <dcp@selway.umt.edu>

To: David Hembrow <davidh@lsl.co.uk>

Cc: bass@mcfeeley.cc.utexas.edu

Subject: Re: HiFi World Dipole Subwoofer

Message-ID: <Pine.OSF.3.91.960608020559.26403A-100000@selway.umt.edu>



On Mon, 3 Jun 1996, David Hembrow wrote:



> I've been lurking for a few months now having had my interest in

> subwoofers rekindled by a design printed in the supplement of the

> April 1996 issue of HiFi World.

> 

> This design uses the Audax PR330M0 in a minimal baffle ( no box )

> and electronic equalisation to boost bass to give a flat response

> to a suitably low frequency. These drivers cost 145 pounds each

> here in the UK. I'd need two ( one per channel ). It is (obviously)

> an active design.



> I am worried that these 13" drivers will require significant

> excursions to make any significant level of low bass without a baffle,

> and that this could result in high distortion.

> 

> I am not into particularly loud music, but do desire low distortion

> ( hence my use of the Quads ).

> 

> Does anyone have an opinion ( good or bad ) on this design? I imagine

> there could be some similarities with the Carver open baffle subwoofers

> which some here use.



I was disappointed with this article, which implied it would take on the 

technical issues, then failed to rise above self-congratulation.  The 

author seemed not to understand the subtleties of the issues.



As the quality of bass drivers rises and the standards of reproduction 

improve to the point of raising both our expectations and our standards, 

I think more and more we will see dipole woofers offered on high-end 

models.  As many of you are by now aware, Siegrfried Linkwitz, whose name 

now carries a luster verging on awe, has been working with bass dipoles 

for a decade and is now marketing loudspeakers incorporating his 

designs.  Legacy Loudspeakers as well has a very expensive flagship model 

employing the open-baffle dipole woofer scheme.   And David Hembrow 

mentions others as well.



At a later date I will post more comprehensively on open-baffle driver 

requirements.  But a few issues could bear discussion here for those 

planning to employ a woofer that is not purpose-built for open-baffle 

mounting.



One great virtue of the open baffle is that it does not store energy as

all other systems do.  Thus any ringing in the system will come from the

behavioral characteristics of the woofer(s) itself.  If we could suspend

an open baffle in mid-air in a very large room, we could come pretty near

to a zero Q contribution from the baffle.  In practice open-baffles

radiate into half-space, resting upon the floor.  The result is little

sponginess in the air-load.  The Croft-Graebener-Carver group at Carver

Corporation claimed a Q of 0.2 for the trapezoidal tombstone of the

Amazing Platinum series.  Seeking a commercial success, they tried to

refine the speaker so that it would overcome the inevitable first-order

open-baffle cancellation of the two or so lower octaves without amplified

equalization.



The result of their quest was a very special woofer.  Would that that

woofer could be made available to the DIY crowd priced by its ingredients. 

It has the highest mechanical Q they could devise.  It is quite a shock to

inspect one.  It has almost no magnet.  It doesn't need much because the

moving mass is so light.  The cone is a stiff, light-weight paper.  The

woofer would not work properly in the system if the magnet were large. 

Here is one of the ineluctable rules of loudspeakers (if you do not

already know this, you should tape it on the medicine cabinet and memorize

it.  All magnets for loudspeaker systems must be right-sized.  An

oversized magnet suppresses bass response by adding a braking force to

cone excursions when it bucks the counter-emf generated by the moving

voice coil.  Adding magnet will raise the sensitivity of the driver above

resonance and decrease it around resonance.  Two steps backward for every

step forward.  You cannot compare drivers on the basis of magnet weight 

alone.



The Carver woofer also takes care of the other requirements of an

open-baffle bass system.  The annulus was the product of many experiments

where it was rolled and pressed until it was so thin it would not

contribute any damping to cone motion.  A large spider was necessary to

permit very long excursions.  So this tiny magnet system encounters little

resistance, and with the ultra-light woofer and compliant suspension

system can reach a respectable voltage sensitivity when several are mated

in parallel. 



Now it will be clear to some why I am limiting this posting to pretty 

much a single issue.  Whatever driver one adopts for use in an 

open-baffle woofer system, it is certain to be overdamped for such a 

use.  Look for a woofer with a low resonance, a long excursion, and the 

highest possible Qm.  (Carver Corp. claims a Q of +3.0 for their dipole 

woofer.  The premise is that the product of the baffle Q and the woofer 

Q -- 0.2X3.0+ = 0.6, or near critical damping.)  Whatever driver you 

select, it will have too large a magnet for the purpose.  



You can compensate for the magnetic overdamping with active equalization, 

but you are going to have experiment in room with the exact boost 

necessary.  If the woofer(s) has good thermal capacity in the voice coil, 

it will withstand the boost necessary to complement the dipole bass 

cancellation.



Here is one of the greatest benefits the dipole woofer brings to music 

reproduction: the nulls at the sides of the figure-of-eight radiation 

pattern can be arranged to suppress some of the nastier room modes.  No 

other woofer loading technique affords this advantage.



Doug Purl



------------------------------



Date: Sun, 9 Jun 1996 16:27:38 -0600 (MDT)

From: Douglas Purl <dcp@selway.umt.edu>

To: bass@mcfeeley.cc.utexas.edu

Subject: Dipole Woofers

Message-ID: <Pine.OSF.3.91.960609145139.4757B-100000@selway.umt.edu>



Regarding the questions on folding the baffle into an open box shape on

dipole woofers: There are some costs entailed in achieving a narrower

baffle front by turning the sides back.  The rear wave no longer spreads

along the baffle back until it encounters the front wave.  It heads from

driver to the rear edges of the baffle by the shortest path and then mixes

somewhere on the front of the wings. 



  \                          /

 X \                       /X

    \       woofer       /

      \ _______________/



The interference zone is that of a shorter flat baffle.  Moving the wings 

inward so they are rectilinear reduces the effective baffle width even more.

This is a matter to be calculated and taken into consideration during design.



The AR-1/1W/3/3a series makes an instructive comparison for dipole woofer 

excursion.  That 12" woofer has an x-max of 1/4".  It is a competent bass 

reproducer in pairs down to the mid-30Hz range.  If we had the same 

woofer excursion capability and wished to used an open baffle, we would 

pay a penalty of a first-order loss below the baffle cancellation 

dimension.  This 6dB loss can be compensated for with any combination of 

increases in the diameter of the drivers, in their number, or in their 

excursion capability.  Now the NHT 1259 is the same diameter as the AR 

woofer but has an x-max of 1/2", double that of the AR.  Two 1259's on an 

open baffle would provide the four times greater excursion that would 

equal one AR in a sealed box.



If we wish to achieve deeper response than the AR affords, we need to

increase the number of drivers above the two that have drawn us even with

the AR or increase the diameter of our woofers.  Four 1259's per side

should permit us to equalize the system to produce powerful bass down to

19Hz.  Three comparable 15" woofers would do slightly better.  One

advantage of open-baffle mounting is that the system resonance is at or

lower than the unmounted driver resonance, the only practical

woofer-loading scheme that confers this benefit. 



One complication of using a driver such as the 1259 is that it does not

have a progressive suspension, like many drivers intended for vented

boxes.  The open baffle does not provide the protection from physical

damage that the sealed box, especially of the acoustic suspension variety,

provides.  One way to cope with this problem is to make the bass amplifier

integral with the equalizer and the woofer system.  It is simple enough to

ensure that the amplifier limits before the woofers or at the woofer

limits.  Notwithstanding these cautions, I would say that four 1259's

mounted on an open baffle would safely sustain a continous power

sufficient to maintain a completely satisfying response at 20Hz -- and I

am talking _satisfying_.  I am going to try some test panels with two 

1259's on each side, and will report on the result.  These are not, 

however, the ideal woofers for open baffling.



An equalizer circuit would relax the boost somewhat a half octave above the 

system resonance, permitting the natural resonance of the woofers to 

provide a boost near the lower end of the passband.  This reduction in 

equalizer boost would be tempered somewhat by the high damping the 1259 

electrical system would afford; the amplifier would seek to control to an 

extent the loose excursions near resonance.



In practice a dipole woofer has better low-end response in a residential 

room than is predicted by simple half-space criteria.  In fact, if the 

woofers are arranged closer to the floor than, say, in the line-source 

vertical array of the Carver Platinum and Silver series, much 

augmentation from the floor will occur.  Placing the baffle on the floor 

creates a mirror image; two woofers become the equal of one in full space, 

and four become effectively eight.  At very long wavelengths residential 

rooms tend to become quarter hemispheres and then even eighth 

hemispheres, doubling and doubling again the effective area of the 

woofers (room gain).  Thus a single woofer can begin to have the effect 

of eight woofers suspended above ground on an open baffle, the 

theoretical starting point for calculations.



I hope to find a persuasive quantification of the boost an open baffle 

receives in room from butting against the floor boundary.  My experience 

is that the such baffling works much better than has been customarily 

thought and better than predicted.



I might mention one advantage of the open-baffle design that perhaps no 

other woofer-loading scheme enjoys.  The dipole radiation pattern of the 

open baffle (which gets distorted when the wings are bent back) produces 

nulls in the bass response at the baffle edge.  These two nulls can be 

put to advantage in room when the woofer system is oriented to reduce 

radiation into troublesome room-mode dimensions.  There is a wonderful 

lack of muddiness in the bass from a properly oriented set of open-baffle 

woofer panels.  This makes a fine complement to the marvelous openness and 

clarity of sound achieved by the best electrostatics and film diaphragm 

(aka "ribbons" at Carver Corp) speakers.  There are many factors at work 

here, but one of the most significant is surely the lack of enclosure 

storage effects found in all box or horn speakers.



I am not now suggesting that the advantages of open-baffle speakers 

cannot be attained in some other way -- although I may be prepared to do 

so at another time.  I am suggesting that this methodology has been 

overlooked and undervalued, likely for commercial reasons to a large 

extent.  We all might all wish to start readjusting our biases.  More of 

us here are going to be working with such systems, just as more and more 

commercial designers are turning to them long after Gilbert Briggs' 

sand-filled open baffle went missing three decades ago.



Doug Purl

Video Shielded Drivers



Date: Sat, 4 May 96 10:11:50 EDT

From: bobdavis@viewlogic.com (Bob Davis)

To: bass@mcfeeley.cc.utexas.edu

Subject: re: Magnetic Shielding Material

Message-ID: <9605041411.AA29748@elvis.viewlogic.com>



Whenever this topic appears, I get uncomfortable due to various

fundamental points which are often misunderstood.  I hope my comments

here will help clarify things a bit...



First, there is no such thing as a "Magnetic Shield", and it would be

far better if we avoided use of this unfortunately popular and

misleading term, in favor of something like "low magnetic leakage".

At best, highly permeable materials alter, and just possibly might

reduce, the stray components of the magnetic circuit of a speaker.



Second, by such alteration of the magnetic circuit, it is implied that

the driver's gross characteristics are also altered.  Addition of

bucking magnets, "magnetic shielding material" of whatever sort, and

so on all require re-evaluation of the driver characteristics as the

mag circuit is typically altered quite significantly.  Manufacturers

who happen to have used this path to produce low leakage drivers from

their existing, higher leakage drivers, must produce entirely new

model and technical specs for just this reason.



Third, it should be noted that most highly permeable materials are

also subject to permanent magnetization, and thus can become problems

unto themselves in terms of causing undesired magnetic fields.



As suggested by Dick Pierce in a similar, but tedious and lengthy,

thread in rec.audio.tech some time ago, by far the best route to low

magnetic leakage -- as required near video monitors -- is to design

each driver's magnetic circuit with low leakage from the outset, or,

as in the case of DIY speaker design, to select such drivers.



There are times when the driver makers neglect to mention that their

drivers are acceptable for use near video monitors.  For example, most

of the Dynaudio line have low stray magnetic fields.  When in doubt,

contact the manufacturer, and/or assume the worst.



Also, as the inverse square law is in effect, so the video distortion

from the magnetic leakage decays dramatically with distance from the

video monitor.  This also suggests that the magnetically altering

materials be placed as close to the driver as possible for maximum

effectiveness.



I hope this was helpful...

-bob



Crossover Networks



------------------------------



Date: Wed, 8 May 1996 17:37:21 -0500 (EST)

From: John Busenitz <busenitz@ecn.purdue.edu>

To: Colby Sheridan <cblank@neosoft.com>

Cc: bass@mcfeeley.cc.utexas.edu

Subject: Re: Impedance questions

Message-ID: <Pine.SOL.3.91.960508172416.1651A-100000@kennedy.ecn.purdue.edu>



On Wed, 8 May 1996, Colby Sheridan wrote:



> I've got a few relatively elementary questions on impedance for you guys, so

> no flames please! ;>



No problemo. This isn't r.a.*!



> 1. What would the final impedance be for a system with two 8 ohm mid-woofs

> paralled together with an 8 ohm tweet (d'appolito config)? 8, 6, 4 ohms, or

> is it dependent on the frequency?



It is totally dependant on the specific drivers and crossover network used.

And yes, it will definitely be frequency dependant. One might generalize by

saying that, assuming no series resistance, the nominal impedance might be

around 4 ohms in the woofer region, and might rise to around 8 ohms in the

tweeter region. However, this is a vast and quite possibly wrong generalization.

And, remember: nominal impedance (8 ohm woofers, for example) is only a

generalization of the impedance magnitude, sort of an average. The woofer in

an enclosure with a crossover might have peaks in the 20s, and dips to 4 ohms.



> 2. What is the effect of a Zobel on such a pair of mids?



A Zobel network has but one effect (that I know of): to decrease the reactance

of a loudspeaker driver so that a textbook filter (where the load is a resistor)

may be used so that the desired response is obtained.



> 3. What is the advantages (disadvantages) of said drivers crossed over in

> parallel? In series? (Coming from the crossover)



I'm not quite sure what you mean here. Do you mean the woofer branch in parallel

with the tweeter branch, or the two woofers in parallel? Either way, I would

say that parallel is the way to go, since series crossovers are pretty difficult

to design and offer no real benefits, from the little I`ve heard of them. It

is always best to put two drivers in parallel, since the amplifier is a voltage

source and thus the drivers will have the same voltage across them. If they are

connected in series, they will have differing voltages unless the drivers are

EXACTLY the same, which they will not be. 



> 4. Is this system driveable with your typical mid-fi Sony A/V receiver, or

> is this too difficult a load and cause the amp to shut down?



Some of this depends on how you do the crossover. A 4-ohm impedance might well

be tough for a western-pacific-manufactured receiver to drive. But, if designed

with that in mind, it is probably possible to end up with a system that has a

relatively benign impedance.



_____________________________________________________________

John Busenitz                         busenitz@ecn.purdue.edu

P.U. ECE               http://cernan.ecn.purdue.edu/~busenitz

Disclaimer: My statements do not represent Purdue University.





Date: Thu, 9 May 1996 11:00:27 -0400 (EDT)

From: Craig Stark <cs6h@crab.psy.cmu.edu>

To: "Mr.Navin M. Advani" <advanin@giasbm01.vsnl.net.in>

Cc: bass@mcfeeley.cc.utexas.edu

Subject: Re: MTM matching

Message-ID: <ML-2.3.831654027.2225.cs6h@roughy.psy.cmu.edu>





> Now for a Tweeter 8 ohms 90db I'll mave to get two woofers each having 8

> ohms 84 db?

Sure, that'll give you a dB or so to play with on the tweeter.



> For a Tweeter 4 ohms 90 db I'll have to get two woofers each having 8ohms

> 87db? 



No, you'll still need 84dB woofers.  Except for a few caveats, when trying to

match driver levels impedance of the driver means nothing.  The driver's (or

compound of drivers') impedance will determine the values of components in the

crossover, but will do nothing to change the level unless:

1) The resulting impedance from a compound driver config is low enough to

   a) blow out your output stage of your amp (changes level dramatically)

   b) approach the output Z of your amp and get into the damping factor < 8

      or so range.  Higher DFs mean nothing-- see Dick Pierce.

   c) cause other series resistances to become significant (e.g. cable, DCR

      of air coils in xover)

   d) cause your amp to show its current limitations on high-power passages.

   e) cause you to wire the drivers in series instead of parallel because of

      any of the above.

   f) anything I left out from lack of coffee this AM or knowledge.

2) The impedance of the system has large capacitive or inductive components

   that cause (a) (d) or (f) from above or instability (leading to (a) usually)

   to occur.



Anyway, the point is that unless you're being silly (couple of 4 ohm woofers in

parallel) it isn't going to matter.  BTW, whatever you do, don't trust the "4

ohm" or "8 ohm" spec when designing your crossover.  Look at the impedance

curves.  If you're in a flat range, use the value there.  If you're not flat,

make it flat or design a crossover that takes this into account.  Counting on

it being 4 ohms or whathaveyou is like counting on your car to get 30MPG and

neglecting whether the way is uphill or downhill and whether you're carrying an

extra 1,000 lbs of stuff or not.



> Is the Focal tweeter available in a 4 ohm model?

Not that I know of.  Not that it would matter much anyway unless you're trying

to plug it into an existing system.



Craig





------------------------------



Date: Thu, 09 May 1996 13:22:22

From: DanWiggins@gnn.com (Daniel C. Wiggins)

To: bass@mcfeeley.cc.utexas.edu

Subject: Re: Impedance questions

Message-ID: <199605092022.QAA09207@mail-e2b-service.gnn.com>





>1. What would the final impedance be for a system with two 8 ohm mid-woofs

>paralled together with an 8 ohm tweet (d'appolito config)? 8, 6, 4 ohms, or

>is it dependent on the frequency?



Dependent on frequency.  Starts at 4 ohms at the low end (the two 

parallelled woofers) and rises to 8 ohms at the high end (the single tweet).



>2. What is the effect of a Zobel on such a pair of mids?



MOST (not all) mids/woofers exhibit a substantial rise in impedance with 

frequency... for instance, a woofer that is around 8 ohms from 100 Hz to 4 

kHz may rise to 20 ohms at 20 kHz.  AS you can guess, this affects the 

operation of the crossover, since it was designed assuming a fairly constant

load.  Thus, the Zobel acts to keep the high frequency impedance constant.



>3. What is the advantages (disadvantages) of said drivers crossed over in

>parallel? In series? (Coming from the crossover)



Parallel: 6 dB more voltage efficiency (for instance, if a single driver is 

87 dB @ 2.83 Vrms, two in parallel would be 93 dB @ 2.83 Vrms).  HOWEVER, 

the impedance is halved, meaning that you probably do not want to use 4 ohm 

drivers for parallelling.... 2 ohm load results.



Series: No change in efficiency, but a theoretical halving of distortion 

(each driver sees ideally half the voltage delivered, thus is told to move 

only half as much as a single driver would for the same applied voltage.  

Since the speaker is moving 1/2 as much, any distortions caused by speaker 

movement are reduced).  HOWEVER, since speakers are real-world devices, and 

have varying impedances with frequencies (and from unit to unit), the 

voltage is NOT perfectly divided - one driver could see 65% of the voltage 

at 1 kHz, the other see 65% at 4 kHz.  This can play havoc with lobing/off 

axis responses.



>4. Is this system driveable with your typical mid-fi Sony A/V receiver, or

>is this too difficult a load and cause the amp to shut down?



No real problem for the series connections.  The parallel connection will 

present the more difficult load to the amp, since the impedance is lowered.  



Most modern receivers can handle a 4 ohm load... just don't connect two 4 

ohm speakers to it!  Thus, if you parallel the woofs, then don't run another

set of speakers off the same channels.



Daniel C. Wiggins   | DanWiggins@gnn.com OR BioSonicsInc@delphi.com

Engineering Manager | Employer bears no responsibility for any

BioSonics, Inc.     | comment I make.



Crossover Optimization

------------------------------



Date: Thu, 6 Jun 1996 08:59:23 -0400 (EDT)

From: Paul Blossom <ablossom@conch.aa.msen.com>

To: jasoncuadra@astec-asia.com

Cc: bass@mcfeeley.cc.utexas.edu

Subject: Re: xover optimization and annealing algorithms

Message-ID: <199606061259.IAA21592@conch.aa.msen.com>



At 05:05 PM 6/5/96 EST, you wrote:

>

>     Hello Paul,

>

>     Thanks for responding to my post.  I thought nobody would.  Since I 

>     do't have access to the JAES files, could you perhaps make a quick 

>     summary of their algorithms?  And also annealing?  Perhaps you can 

>     point me in the right direction regarding annealing.

>     

>     Thanks,

>     Jason



I took a look at the papers i cited again, and I don't think a description

of the algorithms would be particularly useful without the accompanying

math. But very briefly:



0. Create a network representing the crossover and electrical simulation of

the loudspeaker drivers.

1. Calculate the error of the current network response compared to a target

response.

2. Search the "near area" of the solution space for the best improvement.

3. Implement the best improvement and go to 1, unless the target response is

attained (subject to a some tolerance).



Some of the issues in this optimization are; What is the near area? How do

you estimate the best improvement? What happens if you get stuck in a local

optima? How do you calculate the error?, etc. I am no expert in crossover

optimzation, if it were me, I would use the Schuck program because it is

already written and available. The articles should be available by

interlibrary loan.



Below is a pseudocode description of the simulated annealing algorithm.

Procedure Simulated Annealing

Begin

Initialize;

  Repeat

    Repeat

      Perturb(Config.i --> Config.j , deltaCij)

      if deltaCij =< 0 then 

        Update (Config.i := Config.j)

      else

        if exp(-deltaCij/c)>random[0,1] then

          Update (Config.i := Config.j)

    Until equilibrium is approached sufficiently closely;

    Decrement Temperature c;

  Until Stopping_Criteria_Satisfied;

End.

Where Ci is the objective function value for configuration i and D Cij := Cj

- Ci. 

Here the issues are; What is the initial value of c? How do you perturb the

current solution to produce a new one? How and how fast do you reduce the

temperature coefficient c? What are your stopping criteria? and etc.



Two references foe simulated annealing are: 



van Laarhoven, P. J. M. and Aarts, E. H. L., Simulated Annealing: Theory and

Applications, 1987, Dordrecht, Kluwer



Kirkpatrick, S., Gelatt, C. D. Jr., and Vecchi, M. P., "Optimization by

Simulated Annealing," Science, Vol. 220, Number 4598, 13 May 1983, pp. 671-680. 



The van Laarhoven book is very good. The Kirkpatrick article is the seminal

article for simulated annealing.



Paul.



Capacitor Information





Date: Thu, 6 Jun 1996 11:01:12 -0700

From: Dave Platt <dplatt@iq.TVSoft.com>

To: bass@mcfeeley.cc.utexas.edu

Subject: re: Caps: Polypropylene or Mylar?

Message-ID: <199606061801.LAA01896@iq.TVSoft.com>





> Moving on to crossover design, I've been told that Mylar capacitor

> exhibit better response in high frequencies.  They also cost

> 3 times as much as the standard poly caps.  So for those of you

> who have treaded this territory, are the Mylar caps worth it?

> Any specific brands?



There are several physical characteristics which can affect the

performance of a film capacitor.  The ones you tend to hear of most

frequently are dielectric absorbtion (DA), dissipation factor (DF),

equivalent series resistance (ESR), and inductance (L).



DA is due to the fact that when an electric field is applied to a

capacitor, electrons can be "forced" from the negative electrode into the

dielectric.  If you then remove the external electric field, the stored

electrons migrate back to the conductor and cause a voltage to appear

across the capacitor terminals.



DF and ESR are related phenomena.  They're due to electrical losses in

the capacitor, which cause some portion of the energy flowing through the

capacitor to be dissipated as heat.



L is due to the inductance of the conductors.  Different methods of

capacitor construction can (and do!) result in different amounts of

parasitic inductance.  In particular, many capacitors attach the

metal electrode to the terminal wire at only one point (or along

the side edge) and then roll the electrodes and films together;

this means that some portions of the electrode are quite a few inches

(or feet!) from the terminal, and there's a substantial amount of

parasitic inductance and resistance.  A better method is to bond

the wire all along the long side of the electrode - this means that

no portion of the electrode is more than an inch or so from the

wire, and the inductance is much lower.



All of these characteristics are present in all real-world capacitors.  An

ideal cap would have zero of any of them, and its impedance would

drop smoothly with increasing frequency "from DC to light".  Real

capacitors actually tend to behave, in a circuit, as if they were a

complex series/parallel combination of "ideal" capacitors, resistors,

and inductors.  In speaker-crossover applications, I suspect that

the combination of ESR and L would be responsible for any poor

performance in the higher frequencies.



Of the types of caps used in speakers, electrolytic caps are almost always

the worst in all of these characteristics.  As a result, their behavior

at high frequencies is often quite a bit less than ideal.  They're often

the only viable choice for [sub]woofer crossovers - a filmcap would be

much too large and expensive.



Of the foil caps, I believe they're generally ranked in roughly the following

order of quality:  polyester (Mylar is one brand name), polysulfone,

polycarbonate, polypropylene, polystyrene, Teflon.  As you go up this

scale, you get lower amounts of DA, and lower DF and ESR (assuming

similar construction types).  Inductance is controlled by the construction;

the specific dielectric has little direct effect, I believe.



Polypropylene seems to be quite popular for high-quality crossover

caps.  It's more expensive than Mylar, but not by all that great a

factor, and its electrical performance is distinctly better.  [Whether

this translates into audibly better sound sometimes, always, or never,

is an issue I don't want to get into - too much chances of starting a

religious war.]



Polystyrene and Teflon are even better.  They're rarely used in crossovers

for a couple of reasons.  Polystyrene caps _must_ be of the film-and-foil

construction, which is rather bulky - polystyrene melts at about 85

degrees F, and can't survive the vacuum-deposition process used to make

the "metallized film" type of capacitor.  Teflon caps (whether film-and-foil

or metallized-film) are very expensive and aren't commonly available.

I've got a few 20 uF Teflons in my junk-box, thanks to a fortunate

surplus purchase, and I do _not_ want to know what they cost when

originally manufactured.



------------------------------





Inductor Information



Date: Tue, 04 Jun 96 14:05:28 EST

From: jasoncuadra@astec-asia.com

To: bass@mcfeeley.cc.utexas.edu

Subject: Beginners Guide to Making Inductors.

Message-ID: <9605048339.AA833922328@smtpgw.astec-asia.com>





James Dickason wrote:





In essence all an inductor needs to be is a coil of wire, it can have 

either air as its core ( usually used for small values of inductance ) or 

a ferromagnetic material as its core ( to make high values a lot more 

managable to make ).  The equation governing the inductance of a  

round coil is 



   u * N * N * pi * r * r

 L = ----------------------

             l



where u   is the permativity of a vacuum  4 * pi * 10to the minus7

      =.00000126

 N is the total number of turns

 pi 3.142

 r the raduis of the coil ( in meters )

 l the length of the coil  ( height of the bobbin in meters)





a few note on the use of this:



if you use a ferromagnetic core then u needs to be multiplied by the 

relative permiability of the core material ( around 400 for iron I think )

     

     jason replies:

     

     

     The above equation is correct for u (mu) = 400 for iron *if* the whole 

     flux path is thru iron.  That is, if the flux does not pass thru air.  

     If this were so, with a cylindical winding arrangement, you have a 

     "pot" core, or an E-I core. This is not the case for nearly all xover 

     inductors.  They just have a core of iron in the middle.  In this 

     case, the inductance increases by a factor, over that of the air core 

     case:

     

            1/ (1/(u * li) + 1/( la ) )

     

     where li = length over which flux travels in the iron

     and  la = length over which flux travels in air

     

     In a typical case, for u >> 1, and the reultant path thru air is 

     halved, your inductance doubles when you stick in a core.  In the real 

     world, it more than doubles by a little bit.  Experimentation is 

     needed.

     

     The reason xover inductors don't use EE or "pot" cores is that the 

     reulting inductor would saturate at a low current.  Some air in the 

     path is needed - thus somtimes air-gapped cores are used.

     

     To get the current at which the core saturates:

     

     

     Isat = B * Ac * N / L

     

     where B = Bsat in tesla 

     Ac = core cross sectional area in m^2

     N = number of turns

     L = inductance

     Isat = current in amps at which you get your target Bsat.

     

     Set Bsat (saturation flux density) to be the acceptable limit, 

     yielding low distortion.  Perhaps 0.1 to 0.15 tesla for ferrites, 0.15 

     to 0.2 tesla for iron.  1 tesla = 10,000 gauss.

     

     The above equation does *not* show that increasing N will increase the 

     current capability, because L (which is in the denominator) goes up 

     faster than N when you increase N.  

     

     For a core with no air gap, the L is so large for given number of 

     turns that the Isat is low.  Bottom line, a non-air-gapped inductor 

     has a lower Isat than an air-gapped inductor of the same inductance.  

     So to increase I sat, make Ac larger.

     

     

     BTW laminated iron cores are good to only ~300Hz.  Above this they add 

     even more distortion than that from magnetic saturation, due to eddy 

     current and BH-loop losses.  Do not use in midrange & tweeter ccts.  

     Ferrites in this respect are good to ~100kHz.  I've made ferrite core 

     inductors from several AM antenna rods cut to length and bound 

     together (like logs strapped together).  Series inductor L's required 

     a large Ac to prevent saturation.

     

     

     

     Jason(jasoncuadra@astec-asia.com)





Aria 7 Crossover (DVC baffle step solution)

----------------------------------------------------------------------



Date: Thu, 09 May 1996 00:13:36 GMT

From: wmeckle@primenet.com (William Eckle)

To: bass@mcfeeley.cc.utexas.edu

Subject: DVC woofers & Impedance

Message-ID: <31913778.2584660@mailhost.primenet.com>



Hi All:

  Send a post to a list member regarding using 2 DVC woofers in a

system and related impedances. Following is part of that post that

details the original Aria 7 speaker systems as relates to the

crossover used.



   This is the original Aria 7 designed by Joe D'Appolito for Orca

(Focal

distributors in the US). The later 7 was still a tower design, but

used 2

Focal single voice coil 7" drivers, and later still the 7 was a single

7"

driver in a smaller box (just so we aren't totally confused).



+-----+L1+------+---------+---------+--------+L2+--------+

                |         |         |                    |

                |         |         |                    |

                +         +         +                    +

               C1        R1     Main coil (driver 1) Boost coil

                +         +         -                    -

                |         |         |                    |

                |         |         |                    |

                |         +         +                    +

                |        C2     Main coil (driver 2) Boost coil

                |         +         -                    -

                |         |         |                    |

                |         |         |                    |

- --------------+---------+---------+--------------------+



Drivers 1 & 2 = Focal model 7K011DBL



L1 = .62 mH, 16 AWG, .25 ohms

L2 = 1 mH, 18 AWG, .48 ohms

C1 = 12 uf, pp

C2 = 54 uf (50 uf NP electro + 4 uf pp)

R1 = 7.5 ohms, 10 watt.



   Quoting from Joe's text:



    "The vertically symmetric driver arrangement of the Aria Seven 

geometrically stabilizes both vertical and horizontal polar response. 

In most other designs, the crossover network must perform this

function 

in addition to its normal frequency dividing task. Freed of this

burden, 

the sophisticated twelve element,Aria Seven crossover network has been



carefully tailored via computer optimization to perfectly complement 

the impedance variations and acoustic response of the individual 

drivers to create a true fourth-order acoustic Linkwitz-Riley

crossover 

between the dual 7K011DBLs and the T120K at 2400 Hz."



   While I'm at it I might as well throw in the tweeter Xover too.



+----------------+C3+---+-----+C4-------+R2+----+------+

                        |                       |      |

                        |                       +      |

                        |                      R3      |

                        |                       +      |

                        |                       |      |

                        +                       +      +

                       L3                      L4     T120K

                        +                       +      -

                        |                       |      |   

                        |                       +      |

                        |                      C5      |

                        |                       +      |

                        |                       |      |

- ----------------------+-----------------------+------+



Tweeter = Focal T120K



L3 = .39 mH, 20 AWG, .45 ohms

L4 = 1.2 mH, 24 AWG, 1.7 ohms

C3 = 6.8 uf pp

C4 = 10 uf pp

C5 = 46 uf (40 uf NP electro = 6 uf pp)

R2 = 3.6 ohms, 5 watt

R3 = 5 ohms, 5 watt



     System specs.



System Sensitivity      89 db SPL/watt/meter

Frequency Response      50 Hz to 19k Hz, +/- 2 db.

F3 Points               45 Hz and 20 Hz.

Max System SPL          110 db or more above 50 Hz.   

Input Impedance         4 ohms nominal, 3 ohms minimum.

Required amp power      100 watts minimum into 4 ohms.

Bass reflex alignment   QB3

         Fb = 42 Hz

         Vb = 32 liters

         F3 = 45 Hz

         F8 = 36 Hz.



 It might be interesting to look this over.











                        

                         

                           



         -=Bill Eckle=-

      wmeckle@primenet.com 

      Phoenix, Arizona USA







Date: Thu, 09 May 96 08:44:16 EST

From: jasoncuadra@astec-asia.com

To: "J. Szamosfalvi" <szamos@u.washington.edu>

Cc: bass@mcfeeley.cc.utexas.edu

Subject: Re[2]: midrange enclosures

Message-ID: <9604098316.AA831656656@smtpgw.astec-asia.com>





     

     

     

>On Tue, 7 May 1996 jasoncuadra@astec-asia.com wrote: >

>>> 2. In most cases a sealed enclosure will serve the midrange due to 

>>>a desired Q=0.5~0.7. These Q values seem to be under debate even still. 

>>>

>>      Don't forget that if the lower xover freq is near the lower 3db point   

>>   of the mid enclosure, the natural hipass response of the enclosure has >>> 

>>    to be considered in the design of the xover.  In this case I would

>>      think that Q=0.707 (Butterworth, maximally flat) would be the easiest   

>>   to work with.

     

>While Q=0.7 may be easier to work with, IMHO a better transient and phase 

>response worth the extra work, especially for midranges where low frequency 

>response is unimportant.

     

When designing xovers, one has a *desired target composite* response (sum of 

natural response of driver in enclosure + xover transfer function).  So it 

doesn't matter if the box Q is 0.5 or 0.707, a properly designed xover will 

yield a total acoustic response which is the target response.  

     

Let's say one wants a 4th order Linkwitz-Riley target function.  Take box #1 

with a Q=0.5 and box #2 with Q = 0.707. Their xovers would be different, but 

their total responses would be the same.  In this case, a 4th order L-R hi-pass.

Since they have the same transfer function, they have the same transient and 

phase response, when looking at the 2 boxes as whole systems - that is, input is

electrical into the xover, output is acoustic, not caring about the filtered 

signal going out of the xover into the drivers.  

     

The difference between the two would be that signal going into the drivers, and 

the impedance curve the xover/driver combo presents to the driving amp.  The box

resonance of the Q=0.707 case would require slightly less power near resonance 

then the other one, and would present a higher impedance to the amp (near 

resonance).  There may be a few small other differences, such as the higher Q 

box has a higher alpha, and the fact that air is a more linear spring than the 

suspension, so distortion may be better at hi excursions.

     

Designing the hipass xover into the mid has to be designed in conjunction with 

the lopass xover into the woof.  The whole speaker has to be designed as a 

*system*.  For the ex. above, the woof would have to be designed also to have a 

4th order L-R lopass total response.  The L-R has the desirable property of 

having a lopass + hipass on-axis response of unity.  The box volume and Q of the

mid enclosure is another variable for the designer to play with to best achieve 

the goal of unity sum, even if the lopass and hipass xfer functions aren't 

perfectly L-R.

     

What't that KK once said,  "The hardest thing in all of speakerdom is designing 

the midrange crossover" ?

     

Whew, one of my lengthiest posts.  All of the above is $0.02 IMHO.  I'm an 

electronics engineer by profession, not a loudspeaker designer - though I've 

toyed with the idea of shifting careers :-).

     

     

     Jason (jasoncuadra@astec-asia.com)





Design Software



------------------------------



Date: Wed, 8 May 1996 20:12:36 -0400 (EDT)

From: Peter Basel <peterb@lsil.com>

To: bass@mcfeeley.cc.utexas.edu

Subject: Dave Dal Farra discussion with Pete Basel, part 2 analysis and software

Message-ID: <199605090012.UAA11061@wms1.lsil.com>



Here is part 2 of the discussion:



>Simulating high box losses by simulating low Qa (lots of stuffing) 

>gives a more gradual transition band than the same total losses derived 

>via a low Ql (leaky box).  Qa in reality is frequency dependent due to the 

>frequency dependent properties of stuffing material.  I now know how, but 

>unfortunately don't have time, to develop a proper frequency dependent Qa 

>based model.  As an engineering shortcut :) , I'll be simulating the 

>speaker assuming Ql is low.   I'll just gun for a simulation result with a 

>roll off a little less gradual than my target.  When I build the speaker 

>and use low Qa vs low Ql, the result should be just about right.  You may 

>remember a while back that I was looking to see if anyone had modeled the 

>differences between Ql and Qa.  Now you know why. :)



Are you talking about Bullock's Boxresponse or an article on modeling,

or both.  Which article if so?  I actually haven't studied Bullock's

work much and was under the impression that Boxresponse was a direct

implementation of Small's analysis.  I think this agrees with what

you've stated above.  I'm also under the impression that Boxresponse

is not valid for Ql's less than 3.  Certain assumptions were

made in deriving the model.  The vendors of LEAP claim that it has higher

accuracy as a result of fewer simplifications.  I don't remember the

details.  The only way I know of modeling the losses independently

is with SPICE but I'd rather get a software program if we can find one.



>Small's work is just a way of making Beranek's readable and usable, by 

>introducing figures of merit.  His offering wasn't the model (that was 

>Beranek's), but in analyzing it using EE filter theory, 2nd year 

>university theory at that.  Its the analysis' ultimate utility that made 

>it so handy.  Small made two major assumption in order to arrive at his 

>simplifications:

>* the only box loss of merit is leakage. Port and box damping are not 

>considered.  

>* the radiation impedance is inconsequential.  This is true of low 

>efficiency systems, less than about 5%.  The efficiency is determined by 

>the power transfer from amp to acoustic impedance, so this is intuitive: 

>extremely poor power transfer to acoustic load, drop the acoustic load 

>from the model.  I've made some calculations on Audax drivers and found 

>this assumption falls flat at about 700 Hz for a typical 8" due to the 

>change in acoustic impedance over frequency.  Low into in the "piston 

>range", acoustic Z is much lower than in the upper piston range.  The 

>point at which the analysis fails is very often still in the "piston 

>range".   Small claimed it always held as long as you're in the PR.



Yes, Professor Wadesworth pointed this out to me many years ago.  The

accuracy of the model suffers at frequencies where the real efficiency

is high, that is where the input impedance peaks.  Piston range can also

be interpreted as frequencies where the piston is small relative to the

wavelength being radiated thus it's radiation impedance is small

and the assumption is valid.  I don't remember the strict definition but

this is how I remember it.  We also think of piston range as the range

where no serious breakup occurs.  I think that this is what your speaking

of.  One is suited to crossover design the other low frequency analysis.



I see it that Beranek created the model, don't know if he was first what

about Olson, he never simplified it enough to see the simple high pass

filter characteristic and as I remember he only solved the FR function

at a few frequencies.  Seems that Thiel was the first to see the

simple HP filter characteristic through some reasonable simplifications.

He never considered Ql/Qa losses, as I remember, which is a serious deficiency

but he made the first great step.  Small added losses all lumped into Ql.

I also think that he formalized the synthesis process.  I agree that

none of this is rocket science, just seems it takes forever for someone

to do it.  Also, my seeing the power of Thiel's simplifications made

me realize the value of trading off some accuracy in analysis to obtain

insight into the problem.  I think these guys did a great job.  I think

that Newman provided good papers on practical application of the theory

with excellent insight into the design process and comparisons of figure

of merit.



>Its interesting how Small defined piston range, as frequencies with 

>wavelengths longer than circumference of the piston.   The reasoning has 

>nothing explicitly to do with its circumference per se.  If you look at 

>the radiation impedance of a piston in a baffle, it has a reactive part 

>and a resistive part.  At wavelengths below the circumference, the 

>reactive part dominates and the resistive part falls quickly.  Both have 

>low values relative to the other impedances in the speaker system model, 

>so they can be reasonably disregarded.  Right around when wavelength = 

>circumference and for frequencies above, the resistive part begins to 

>dominate and quickly flattens out at its maximum at higher frequencies, 

>while the reactive part begins to fall quickly.  Once you're near this 

>transition zone, the total radiation impedance is high enough that it 

>can't be disregarded in the lumped parameter model anymore, its 

>significant relative to other impedances.  Also understand that the 

>radiation Z can be strongly impacted by the front baffle shape, so the 

>point at which the theory fails is dependent upon baffle size and relative 

>dimensions. There is also no necessary tie-in between the definition of 

>the piston range regarding the models and where break up occurs.  Its just 

>a reality in most cones given their profiles and materials that break up 

>occurs above the piston range.  If you look at a soft dome tweeter, the 

>opposite may be true as it may be breaking up at frequencies lower than 

>defined by its circumference. There's a piston, then there's a rigid 

>piston. 



>Its a major pain to predict break up behaviour.  I've had success modeling 

>the break up as minimum phase in a well behaved driver, and getting decent 

>correlation with reality.  Now I rely solely on measurement tools.  The 

>break up modeling issue is really a problem for the driver designer.  For 

>the hobbyist, modeling the driver break up range based upon manufacturer's 

>data is an exercise in futility.  I can't even buy driver's where the TS 

>params are within 50% of advertised.



>In making these piston range and acoustic impedance assumptions, Small was 

>able to throw out a few elements in his model and reduce it to 2nd/4th 

>order by lumping inductances etc.   Benson was a little more conservative 

>and retained port and box losses separately.  That meant that certain 

>elements couldn't be lumped a la Small.  In the days before the IBM PC, 

>Small's model was far easier to work with a slide rule or table, so 

>Benson's didn't find favour.  In modern times, making the necessary 

>computations for the extended Benson model isn't beyond the capability of 

>the lowliest PC.  Bullock took Benson's model and  coded it up as 

>BoxModel.



I've actually used Boxresponse for many years and modified the source

code.  Based on what I've seen I think it's based on Small's analysis.

Bullock often improves his programs and calls them Model.  I haven't

felt limited by BoxResponse since I haven't been exploring box losses much.



I verified, in private correspondence with Bob Bullock, after this

discussion with Dave F., that Boxresponse is based on Small's analysis and

BoxModel on Bob Bullock's own independent analysis similar to Benson's

where the losses Qa, Ql, Qp are kept seperate.  I'll probably buy Boxmodel

since this capability is useful for modelling lossy systems.



>LEAP, in turn, doesn't assume that the radiation Z is inconsequential.  It 

>leaves the acoustic Z in its full glory.  The last time I used LEAP, it 

>didn't have Qa or Qp.  I'd suspect Benson's model to be more accurate for 

>lossy systems in the bass if that is still true (my LEAP is 7 years old).  

>I suspect LEAP to be more accurate at higher frequencies due to its more 

>extended model (leaves in acoustic impedance). 



>All this modeling stuff is REALLY trivial once you understand impedance 

>and mobility acoustic cct duals (which isn't a hard topic).  We have a 

>receiver model for a telephone with 13 elements in it.  Some of our new 

>designs for wireless receivers take over 20 elements to model.  Makes the 

>Small theory look, well, small. :)   I think its time for the field to 

>shed its holy cows and get into the meat of the matter: a far less 

>simplified model with non linear modeling of parameter variations over 

>level.  The math's already been performed, all it takes is someone to code 

>it.  I'm hiring a student this summer to tackle a far more difficult 

>analysis/modeling problem relating to echo cancellers (I wrote the algos, 

>he'll code).



I'm actually interested in coding up a Windows based version and eventually

adding TLs.  Maybe someday.  Thanks for the info on LEAP.  Yea it is all

really simple.  I don't understand how no one has solved the TL analysis

problem with all the great minds out there but then look at how long it

took to solve these lumped systems.  Your right that it's easy but I remember

as a newcomer being overwhelmed with Electro/Mechano/Acoustical issues.

None in itself is that difficult just takes a while to get comfortable with

the entire problem.



-Pete Basel



------------------------------



Associated Electronics



Power Op-Amps/Amp Drivers



Date: Fri, 17 May 1996 09:05:42 -0800 (PST) 

From: hannar@cim.alcatel.com.au (Robert Hanna) 

To: bass@mcfeeley.cc.utexas.edu

Subject: Re: Active crossovers -> Power OpAmps 

Message-ID: <199605162304.JAA27935@gsms01.alcatel.com.au>



Some other alternatives you may like to look at are:



  SGS-THOMSON TDA7294 : 100W DMOS Amplifier



  National LM391N : Audio Power Driver 



  Linear Tech. LT1166 : Audio Power Driver



The TDA7294 has the advantage of being self contained (no external drive 

transistors) and decent specs (0.03% THD @ 20kHz, 10V/us slew rate).



Of the two Audio Power Drivers, the LT1166 looks very interesting. The user is 

able set their own current limit by external resistors. I don't have a data 

sheet on this IC yet, but is definitely worth investigating. If I get any more 

information I will post it.



Hope this helps, and if anyone has any further information please make it 

available.



P.S. someone mentioned the Apex Microtechnology PA42 IC being used to drive an 

output stage (article in EW&WW Sept 1995 ?). Is there any more information on 

this?





Date: Fri, 17 May 96 07:41:41 EDT

From: Dawn Bryan <BRYAN@ADMIN.HumberC.ON.CA>

To: bass@mcfeeley.cc.utexas.edu

Subject: Power OPAMPS

Message-ID: <199605171209.HAA11151@mcfeeley.cc.utexas.edu>



I can't recall the sender who was looking for info on National Semi's

"Overture" line,  so I hope you're listening.



I too have samples of National's power chips but haven't breadboarded.

Yes, looking at the data sheets, they aren't intended for low impedance

loads and the internal current limiting is a bit of a pain.



There's also the larger power hybrids used in a lot of mid-fi equipment,

STKxxxxx. They range from 20W to 125W, maybe more. The circuitry varies from

simply 4 transistors in a package, to complete circuitry (just supply power,

signal and load). Some have built-in current limiting and biasing, others have

lead-outs for external current limiting and bias. I know of 1 company North

America which uses one in their powered subwoofer.



I'm suggesting them despite my poor opinion of them. They don't like low

impedance loads, they need a _lot_ of heat sink, and usually blow themselves

up if the output is shorted for even a few milliseconds if current limit

circuitry is sloppy. I've repaired a few mid-fi receivers for friends using

these devices. The most common current limiting topology is a fuse (!),

usually too large to protect the speakers. All the failures I've seen are due

to one of the power devices shorting. The output terminal goes to the +ve or

-ve main power, the fuse doesn't open, and goodbye woofer.



Despite all this, the specs are respectable, they _do_ have their applications



Hope this is helpful to you. Does anyone else have experience with, or opinions

of these devices?      Later  :-)*





Frequencies Produced by Common Instruments 

Date: Thu, 23 May 1996 12:08:17 +1200

From: Braden.Simpson.1@uni.massey.ac.nz (Braden Simpson)

To: bass@mcfeeley.cc.utexas.edu

Subject: Instrument frequencies

Message-ID: <199605230008.TAA13984@mcfeeley.cc.utexas.edu>



My appologies for this taking so long to post but I have been home sick without

any access to my mail (took about 2 hours to catch up :) I hope you find it

useful.

To those that replied with driver possibilities, thanks - sorry if I haven't

replied

personally yet.



Instrument      f-min total     f-min fund.     f-max fund.     f-max total

----------------------------------------------------------------------------

Accordion            50             50              1650            16000

Bass Clarinet        75             75               650            16000

Bass Drum            50              -                 -             5000

Bass Sax             51.9 *         55               300            14000 *

Bass Tuba            43.7 *         45               350             7000 *

Bass Viola           40             40               390             9000

Bassoon              30.9 *         65               650            16000

Cello                65.1 *         70               900            16000 *

Clarinet            110 *          155              1600            16000

Cymbals (14")      2200              -                 -            20000+ *

Electric Organ       25             25              5000            13000 *

Female Voice        180            200              1100             9400 *

Flute               300            300              2500            16000

Foot Steps           80              -                 -            16000

French horn          61.7 *         65               550             8000

Guitar               80             80              1000            11000

Hand Clapping       100              -                 -            16000

Harmonica           180            180              1100            16000

Harp                 30             30              2800            11000 *

Kettle Drum          87.3 *         87.3             160             7000 *

Male Voice           87.3 *         90               500             8000

Oboe                220            220              1550            16000

Piano                27.5 *         30              4200             6500

Piccolo             500            500              3900            16000

Pipe Organ           16.4 *         16.4            8000            16000+ *

Room Noise           30              -                 -            17000

Snare Drum           80              -                 -            16000

Soprano Sax         200            220              1300            16000

Timpani              45              -                 -             4500

Trombone             55 *           90               500             8000

Trumpet             146 *          190               900             9000

Violin              196 *          200              3200            16000 *

Xylophone           120            120              3000            13000 *

----------------------------------------------------------------------------



The frequency minimums and maximums are for the fundamental and total spectrum.

These are mostly approximations from the two graphs but should give a reasonable

indication of what to expect. The * indicates that the number is a little closer

to the mark (down to a decimal place in some cases :). I have combined some

families of instruments (like the guitar and saxophone) so the numbers given 

will cover the highest and lowest fundamentals and total frequency spectrum.

The male and female voice includes speech and singing. If there are any glaring

ommisions or errors then feel free to send me the info and I will gladly add to 

this list. More precise frequency limits will also receive the same treatment.



Braden Simpson

Email: braden.simpson.1@uni.massey.ac.nz



   God has a sense of humour, 

                it just takes a little getting used to...







Date: Sat, 25 May 96 04:07:06 EST

From: jasoncuadra@astec-asia.com

To: "Dr. David E. Hyre" <hyre@Igor.bmsc.washington.edu>

Cc: bass@mcfeeley.cc.utexas.edu

Subject: Re[2]: amps driving reactive loads

Message-ID: <9604258330.AA833022426@smtpgw.astec-asia.com>





     David Hyre:

     

     

   I thought that capacitive loads were more difficult to drive because the

current leads the voltage (I=C*dV/dT); in other words, they draw more current. 

This is difficult to drive because it asks more current of the amplier. In 

inductive loads, voltage leads current (V=L*dI/dT), but because amplifiers are 

voltage-based creatures, the voltage remains unchanged and the current is 

reduced. Thus the capacitive load is more difficult to drive with a standard 

amplifier. Note that this would be reversed in a current-based amplifier.

     

Additional Note:  A fly in the ointment is the back-emf generated by an 

inductive load. However, this is not difficult to deal with in an amplifier 

of decent design.

     

     

     Jason:

     

     To look at how an amplifier sees the load, we can make an equivalent 

     circuit of the L/S.  This equivalent ckt already takes into account 

     the back-emf, etc.  It doesn't matter if the load is actually an L/S 

     or an equivalent ckt that you actually wired up, to see the loading 

     effect on the amp.

     

     Say let's take a sealed box.  Its impedance magnitude and phase curve 

     looks exactly like a parallel RLC circuit in series with Re.  The 

     values of which are functions of the cone mass, compliance, BL, Re and 

     mechanical damping.  I posted these equations which I derived a few 

     weeks back.  Did nobody find it useful?

     

     If you take some point on the curve at some frequency, and look at the 

     magnitude and phase, you can say it looks "inductive" if the phase is 

     positive, and "capacitive" if the phase is negative.  If a load is 

     "capacitive", it doesn't mean that it looks like a lone capacitor, 

     ditto for an "inductive" load.  The current of the equivalent circuit 

     when excited by a sinusoid at that frequency shall be V/Z, whatever Z 

     is at that point.  

     

     

     D.H.:

     

I thought that capacitive loads were more difficult to drive because the

current leads the voltage (I=C*dV/dT); in other words, they draw more 

current. This is difficult to drive because it asks more current of the 

amplier. 



     

     Now when you say I = C * dV/dT, remember in this equation V is the V 

     across the capacitor alone, not the V at the amp output.  (It would be 

     the amp output if you connected a capacitor directly across the amp's 

     output.)  

     

In inductive loads, voltage leads current (V=L*dI/dT), but because 

amplifiers are voltage-based creatures, the voltage remains unchanged and 

the current is reduced. Thus the capacitive load is more difficult to drive 

with a standard amplifier. Note that this would be reversed in a 

current-based amplifier.

     

     We can turn the equation V = L di/dt, to get I = 1/L * integral(v), 

     and we get a large current when the frequency is low.  Infinite 

     current at DC.

     

     

     If we compare say an L and a C, put it across the amp and see which is 

     more "difficult" to drive, well it depends on their relative 

     magnitudes.  One can say that "at hi freq the C impedance is low, thus 

     draws more current than an L".  But then at lo freq the L impedance is 

     low and thus draws more current.

     

     

     

     

     So, again, my former post:

     

>      What makes a reactive load "difficult" to drive is bec. in a linear

>      amp, the instantaneous power dissipated in the output devices is much 

>      greater for a reactive load than for a resistive load of the same

>      absolute impedance.  As a rule of thumb a given amp should have a

>      current capability > 2 * Vrail / Zmin, Zmin=min load impedance, and 

>      not distort/current limit when doing so.



     I'll add that it doesn't matter if the phase angle is +45 deg or -45 

     deg, (current is leading or lagging,capacitive or inductive), the 

     effect on the output devices is the same.

     

     There are two factors that determine how hard a load is on an amp at a 

     given frequency. The magnitude or absolute value of impedance, and the 

     phase angle.  Of course overall, for two loudspeakers with the same 

     worst case impedance magnititude and phase, the one which presents a 

     "difficult" impedance throughout a wider frequency range is worse.

     

     

     As for ESLs, they are notorioiusly difficult to drive because their 

     *impedance magnitude* gets really low and at the same time the phase 

     angles are large.

     

     

     Hope I didn't muddle things up further.

     

     

     Jason



“Current Based Amplifier”
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     Kyle Lahnakoski wrote:

     

     

     

So I was thinking and this is what I came up with.

     

Let  B   be the 'B*l' constant of the driver 

Let  v   be the velocity of the voice coil 

Let  Rc  be the resistance of the voice coil 

Let  L   be the inductance of the voice coil 

Let  Ve  be the back EMF of the voice coil 

Let  Vt  be the voltage across the voice coil 

Let  I   be current through voice coil

     

By inspection Ve = B*v + L*dI/dt and  Vt = Ve + I*Rc 

     

     

     

     Jason's responses indented:

     

     

     You can separate L*di/dt from Ve and call it Vl so Vl = L*di/dt, 

     to get your:

     

     

Therefore Vt = B*v + L*dI/dt + I*Rc

     

     

     

Since we have a current amp, we know I and dI/dt.  We can have the 

amplifier "read" the voltage across the coil (Vt) and we can find the 

velocity of the coil.  

     

     Unfortunately B is not constant over position.

     

As I have heard from this basslist, the velocity of the cone should be 

some multiple of the signal voltage.  

     

     The *acceleration* should be a multiple of the signal voltage, and 

     this is only an approximation, for a sealed box, only above the 

     mass-compliance resonant frequency (the mass-controlled region).  

     Below it, the *position* is proportional to the signal voltage.

     

Therefore the equation above can be used to correct the velocity of the 

cone.

     

     This can be true if B were constant with position.

     

     

I suspect others have done this, and I hope to get feedback.

     

     

     

Furthermore, and this is the neat part; B and L can be made functions of 

position instead of constants!  Now we have a feedback loop that will 

take into account coil non-linearities.

                  ^^^^^^^^^^^^^^^^^^^^

     

     Do you mean non-linear B and L?

     

     If we knew B vs. position beforehand, then we could have a box that 

     predicts the signal voltage required to produce the motion of a 

     distortionless woofer.  

     

     Do we agree that we want to remove non-linear distortion?  That is due 

     to non-linear B and non-linear suspensions.  The 1259 for ex, reduces 

     that by using a massive magnet structure, and a very compliant 

     suspension, with no "progressive"-ness (see post on "oil-canning").

     

     As for the non-linear L, for most woofers I would think it is 

     insignificant in their normal operating range.  For midranges and 

     tweeters, well, it's a different story (see Herr Fink's post on the 

     ScanSpeak 9900).

     

     I've already tried the current amp idea, in the cyber-world of PSpice, 

     with the "pre-distortion" box above!  My conclusions are that the only 

     real advantage you get is that the varying R due to heating (which 

     normally results in power compression, and is unpredictable unless you 

     have a temperature sensor) ceases to be a fly in the ointment.  And 

     you lose the advantage of a voltage amp's (<-sounds funny) resistance 

     to outside forces moving the cone (damping).  Still, I'd like to try 

     them out in the real world..:) 

     

     

     Jason(jasoncuadra@astec-asia.com)
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Let  B   be the 'B*l' constant of the driver

Let  v   be the velocity of the voice coil

Let  Rc  be the resistance of the voice coil

Let  L   be the inductance of the voice coil

Let  Ve  be the back EMF of the voice coil due to cone movement

Let  Vl  be the back EMF due to inductance of the voice coil (thanks Jason!)

Let  Vt  be the voltage across the voice coil

Let  I   be current through voice coil



Kyle wrote:

> As I have heard from this basslist, the velocity of the cone should be

> some multiple of the signal voltage.



jasoncuadra@astec-asia.com wrote: 

>      The *acceleration* should be a multiple of the signal voltage, and

>      this is only an approximation, for a sealed box, only above the

>      mass-compliance resonant frequency (the mass-controlled region).

>      Below it, the *position* is proportional to the signal voltage.

> 



Kyle writes:

Well, from "Physics for Scientists and Engineers" by Raymond A. Serway (1992 

updated printing) says wrt a wave in a tube:



   P=-B*ds/dx  where P   change in presure for equilibrium

    B   Bulk modulus of air

    s   displacement from equilibrium

    x   position along the axis of the tube



Since dx/dt=343m/s then ds/dx=(ds/dt)*(dt/dx)=(ds/dt)/(343m/s)



                     -B*(ds/dt)

Resulting in      P=--------------.

                      343m/s



Since the displacment of the air from equilibruim is equivelent to the 

displacement of the cone (especially for low frequency);  the offset-of 

pressure-from-equilibrium is greatest when the cone is moving the fastest.



Therefore the velocity of the diaphram/cone/voicecoil should follow the 

voltage signal.

   

>      Do you mean non-linear B and L?

> 

>      If we knew B vs. position beforehand, then we could have a box that

>      predicts the signal voltage required to produce the motion of a

>      distortionless woofer.



It would be a LOT easier to build a compensating circuit rather than a 

compensating enclosure.  I don't think an enclosure can be built to be more 

compliant at the limits of woofer motion (to compensate for lower B) and less 

compliant when the woofer is a rest position.



>      Do we agree that we want to remove non-linear distortion?  That is due

>      to non-linear B and non-linear suspensions.  The 1259 for ex, reduces

>      that by using a massive magnet structure, and a very compliant

>      suspension, with no "progressive"-ness (see post on "oil-canning").





>      As for the non-linear L, for most woofers I would think it is

>      insignificant in their normal operating range.



There has been discussion the change in L of a coil when an iron core is 

added.  The voice coil has its own ferromagnetic core (the pole).  L will 

change significantly as this pole moves in and out of the voice coil.  You are 

right that dI/dt is very small and may make even large variations in L 

insignificant (but I added the term anyway with hope that the same model would 

work for midrange)  



>      I've already tried the current amp idea, in the cyber-world of PSpice,

>      with the "pre-distortion" box above!  My conclusions are that the only

>      real advantage you get is that the varying R due to heating



S**T!!  I have to consider varying R in my model!!!



>      (which

>      normally results in power compression, and is unpredictable unless you

>      have a temperature sensor) ceases to be a fly in the ointment.  And

>      you lose the advantage of a voltage amp's (<-sounds funny) resistance

>      to outside forces moving the cone (damping).  Still, I'd like to try

>      them out in the real world..:)



If you notice, the model above will detect any resonance (movement of the cone 

that is forbidden) and then the amp can squash it like a bug!!  I suspect the 

virtual Qes of the speaker will be VERY low (.1, .01, .001???). 





 --------------------------------------------------------------------

|                                                     KYLE LAHNAKOSKI

|                   Joint Pure Math/Computer Science at U of Waterloo

|                                klahnako@undergrad.math.uwaterloo.ca



------------------------------



End of BASS Digest 230
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jasoncuadra@astec-asia.com wrote: 

>      The *acceleration* should be a multiple of the signal voltage, and 

>      this is only an approximation, for a sealed box, only above the

>      mass-compliance resonant frequency (the mass-controlled region). 

>      Below it, the *position* is proportional to the signal voltage. 

> 

     

Kyle writes:

Well, from "Physics for Scientists and Engineers" by Raymond A. Serway (1992 

updated printing) says wrt a wave in a tube:

     

   P=-B*ds/dx  where P   change in presure for equilibrium

    B   Bulk modulus of air

    s   displacement from equilibrium

    x   position along the axis of the tube

     

Since dx/dt=343m/s then ds/dx=(ds/dt)*(dt/dx)=(ds/dt)/(343m/s)

     

                     -B*(ds/dt)

Resulting in      P=--------------.

                      343m/s

     

Since the displacment of the air from equilibruim is equivelent to the 

displacement of the cone (especially for low frequency);  the offset-of 

pressure-from-equilibrium is greatest when the cone is moving the fastest.

     

Therefore the velocity of the diaphram/cone/voicecoil should follow the 

voltage signal.

     

     

     Jason:

     

     This might be the case in a tube, but not in free space.  Any 

     acousticians out there?  I'm quite sure about the free-space case, 

     drive voltage looks like acceleration, mass-controlled, flat f/r 

     region.

     

     

>      Do you mean non-linear B and L? 

> 

>      If we knew B vs. position beforehand, then we could have a box that 

>      predicts the signal voltage required to produce the motion of a

>      distortionless woofer.

     

It would be a LOT easier to build a compensating circuit rather than a 

compensating enclosure.  I don't think an enclosure can be built to be more 

compliant at the limits of woofer motion (to compensate for lower B) and less 

compliant when the woofer is a rest position.



     Oops, I meant a black-box with some transfer function, not a speaker-box.

     

     

>      I've already tried the current amp idea, in the cyber-world of PSpice, 

>      with the "pre-distortion" box above!  My conclusions are that the only 

>      real advantage you get is that the varying R due to heating

     

S**T!!  I have to consider varying R in my model!!!

     

>      (which

>      normally results in power compression, and is unpredictable unless you 

>      have a temperature sensor) ceases to be a fly in the ointment.  And

>      you lose the advantage of a voltage amp's (<-sounds funny) resistance 

>      to outside forces moving the cone (damping).  Still, I'd like to try 

>      them out in the real world..:)

     

If you notice, the model above will detect any resonance (movement of the cone 

that is forbidden) and then the amp can squash it like a bug!!  I suspect the 

virtual Qes of the speaker will be VERY low (.1, .01, .001???). 



     Do you mean my neg res v-amp model, or your I-amp?  

     

     I find Martin Colloms article intriguing - that a negative output 

     resistance amp (which lowers Qes) has better "control" over the cone or 

     dome, and thus audibly improves the sound.  He talks about it as if it's 

     been done.  I'd love to experiment.

     

     One would probably lower Q, but to get to like 0.01 - well component 

     tolerances might make Re - Ramp negative, yielding oscillation.  Maybe 0.1 

     or 0.05 is as low as you can get w/o danger of oscillation.

     

     :),

     Jason



------------------------------


