DIY Loudspeakers And Related Issues Mailing List:

“Best of Digests 1-125”

Last Updated: 4-20-98







Compiled by Scott Hinson

shinson@austin360.com 





This compilation represents a collection of posts to the public Internet mailing list DIY Loudspeakers And Related Issues Mailing list.  I have not attempted to contact any of the people whose messages I have assembled in this document since they were originally posted with no reservations as to archiving in non-commercial use.  These messages are all presented in there entirety, with no editing.  Therefore all scientific “facts” presented in each post may not be correct.  The authors, nor Scott Hinson shall be responsible for any material loss or damage due to the misuse of the information provided here.  



This document may be freely distributed, unmodified, as long as no profit is derived from its distribution.



If you have been “selected” and quoted in this document, and you wish to be removed please email me at the address above. I intend to review every digest for similar documents in the future.  However, with ~33,000 pages (and growing!) of digests in the archives this project may take a while to complete. (If I ever catch up.)

	

Table of Contents

� TOC \o "1-3" �Enclosure	� GOTOBUTTON _Toc417737042  � PAGEREF _Toc417737042 �2��

Enclosure Finishing	� GOTOBUTTON _Toc417737043  � PAGEREF _Toc417737043 �4��

Imaging	� GOTOBUTTON _Toc417737044  � PAGEREF _Toc417737044 �5��

Driver Selection	� GOTOBUTTON _Toc417737045  � PAGEREF _Toc417737045 �10��

Crossover	� GOTOBUTTON _Toc417737046  � PAGEREF _Toc417737046 �12��

Baffle Diffraction Step	� GOTOBUTTON _Toc417737047  � PAGEREF _Toc417737047 �14��

Inductor Interaction	� GOTOBUTTON _Toc417737048  � PAGEREF _Toc417737048 �16��

Driver Placement	� GOTOBUTTON _Toc417737049  � PAGEREF _Toc417737049 �19��

T/S Parameters	� GOTOBUTTON _Toc417737050  � PAGEREF _Toc417737050 �23��

Enclosure Types	� GOTOBUTTON _Toc417737051  � PAGEREF _Toc417737051 �23��

Sealed	� GOTOBUTTON _Toc417737052  � PAGEREF _Toc417737052 �23��

Vented	� GOTOBUTTON _Toc417737053  � PAGEREF _Toc417737053 �24��

Aperiodic   (Variovent)	� GOTOBUTTON _Toc417737054  � PAGEREF _Toc417737054 �26��

Other Bass Alignments	� GOTOBUTTON _Toc417737055  � PAGEREF _Toc417737055 �28��

Amplifier/Speaker Interface	� GOTOBUTTON _Toc417737056  � PAGEREF _Toc417737056 �31��

References:	� GOTOBUTTON _Toc417737057  � PAGEREF _Toc417737057 �32��

Electronically Assisted Loudspeakers.	� GOTOBUTTON _Toc417737058  � PAGEREF _Toc417737058 �32��

Crossover Desigin	� GOTOBUTTON _Toc417737059  � PAGEREF _Toc417737059 �33��

Miscellaneous Dave Dal Farra Post	� GOTOBUTTON _Toc417737060  � PAGEREF _Toc417737060 �37��

Miscellaneous Ken Kantor Posts	� GOTOBUTTON _Toc417737061  � PAGEREF _Toc417737061 �41��

��

Enclosure



Date:	Tue, 12 Mar 1996 15:43:04 -0900 

From:	rschmidt@alaska.net

To:	kckm@sun.tir.com, bass@mcfeeley.cc.utexas.edu 

Subject:	Re: DIY MDF question

Message-ID:	<9603130043.AA20250@alaska.net>







You’ve received some good tips on screws and MDF, i.e. using the pilot holes and countersink...without using them, you’ll almost always split the material. 

I pretty much quit using any screws at all and use a biscuit jointer & biscuits to put my enclosures together. 

I’ve tried all the fancy locking miter bits, etc., and while they work/look great, I’m not convinced that offer that much more stength over a “biscuited” joint.  I glued up some sample 90 degree joints using several different fastening methods (screws, biscuits, locking miter bits), and all were extremely strong...the advantage to using screws is that you have an “instant clamp”.  Biscuits, however, not only result in an extremely strong joint, but pretty much assure an aligned joint—i.e.: the joint won’t slip/slide around when you’re trying to use screws.  The locking miter joint is great, but requires some pretty spiffy tooling (fairly large router bit) and pretty close setup tolerances.  It’s a great joint for production work where you can dedicate a tool to doing it.  Bottom line for me is, I use a biscuit joiner and butt joints and have yet to have one fail.

For most of my enclosures, I laminate up two .75” thicknesses of MDF to result in 1.5” stock.  I use thin yellow woodworking glue w/about 10% water, and roll it on the pieces.  I lay a sheet of stock across some 4”x4”s on the shop floor, quickly apply a good coat of glue, then position another sheet of stock on top of the other.  I use align two corners w/clamps, then set some 5 gal buckets of sand on top of the whole works.  It’s very heavy—about 200 lbs.  I let it dry about 2 hours, then start cutting up the stock with a circular saw and a GOOD straight edge.  I then finish the cutting of the individual pieces on my table saw.  MDF can kick up a lot of dust.  I use a Porter-Cable circular saw with the shop vac port on top to capture most of the dust as it’s kicked up.  

There’s often confusion about identifying MDF over some types of “particle board”.  I’ve found that almost all MDF I’ve run across is dimensioned at 49”w X 97”l X .75” thick.  In other words, it’s length/width dimensions are 1” greater than ordinary plywood and particle board.  Of course our supplies of stock are more limited here in Anchorage than other places (I wish we had access to 1” thick MDF w/out having to special order it!).

Cheers,



Bob/Anchorage, AK

Sound Alternatives



Date: Wed, 13 Mar 96 10:19:00 E

From: Lou Lung <lou@nell.oki.com>

To: bass <bass@mcfeeley.cc.utexas.edu>

Subject: Time for an MDF FAQ ?

Message-ID: <3146E789@nell>

I use biscuits on a lot of carcass construction (including speakers)

with very good results but I only use it for alignment; I still use 

traditional

techniques to provide strength and stability.



The only problems I've had is that the biscuit cutter I have (porter cable 

555)

is difficult to use and not very accurate (but it was a gift :). This 

prevents

me from using it for critical applications.  Many other brands are

much better (DeWalt, Freud, etc) and should give real good results.



Lou Lung



Date: Thu, 14 Mar 96 09:56:00 E

From: Lou Lung <lou@nell.oki.com>

To: bass <bass@mcfeeley.cc.utexas.edu>

Subject: screws and MDF

Message-ID: <31483374@nell>







For the original poster asking about splitting MDF with screws

at the edge, here's some info from _Fine Woodworking_ magazine

(The Taunton Press Inc (203-426-8171)) Jan/Feb 1994 issue, pp 51-55.

The article is titled _A Woodworker's Guide to Medium Density

Fiberboard_ by Jim Hayden.



Screw     Pilot     Minimum sheet thickness for driving

Size Hole screws into an edge w/o splitting

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

#6   3/32 1/2 inch

#8   7/64 5/8

#10  1/8  1 inch



The article is well written, and contains info on finishing, fastening,

edging, sanding, glueing, etc.  My local public library has this

magazine, so yours might to.



BTW, the comment on Medite II and Medex (from Medite Corp

of Medford OR) is that they are formadehyde-free.  Medex is

fire rated and is "lighter and harder than (regular) MDF", and

has no fine sawdust when cutting.  This could be important

for speaker builders who do not have dust collectors.



     -lou



===========================================

Louis Lung          email : lou@oki.com

Oki Advanced Producst    home page : http://www.oki.com/people/lou

500 Nickerson Rd         voice : 508-460-8658

Marlborough, MA 01752    fax : 508-480-9635

Enclosure Finishing 



Date: Mon, 18 Mar 1996 12:56:17 -0800

From: "Robert W. Schmidt" <rschmidt@alaska.net>

To: ralph_calabria@Merck.Com

Cc: Bass List <bass@mcfeeley.cc.utexas.edu>

Subject: Re: 1/8" Lauan Plywood for Fin

Message-ID: <314DCDF1.3E5C@alaska.net>



Ralph Calabria wrote:

> 

>  1/8" Lauan Plywood for Finishing

> Has anyone worked with this material before?  How does it finish?  I'm

> thinking of using it in lieu of veneer to finish my cabinets.  It's very

> cheap and easier to handle than veneer.  Comments please? 

Hi Ralph:



It's not really much good, even finished (in my opinion)...Veneer isn't 

that hard to work with if you iron it on...apply a coat of yellow 

woodworking glue to both the substrate (the object being veneered - i.e. 

your enclosure), and the BACK of the veneer...let the glue dry on BOTH 

objects and then simply iron it in place using a household iron set on a 

fairly high heat i.e. cotten/linen...you might experiment with some 

veneer scraps...the only drawback, if it could be called one, is that 

occasionally, I've had the veneer scortch...I simply sanded the scortch 

mark away or used a cabinet scraper to take it off...once you get the 

iron-on method down, it very seldom happens.  



Good luck..



Bob Schmidt

Sound Alternatives

Anchorage, Alaksa.





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



Date: Fri, 29 Mar 1996 14:08:41 -0800

From: "Dr. David E. Hyre" <hyre@meg.bmsc.washington.edu> 

To: bass@mcfeeley.cc.utexas.edu

Subject: Re: Bending Veneer

Message-ID: <9603291408.ZM991@meg.bmsc.washington.edu>



>From:    Ralph Calabria <ralph_calabria@Merck.Com> 

>Date:    Fri Mar 29,  3:50pm -0500

>

>To me this sounds like a great idea, so it must have been done before! 

>Has anyone had experience bending veneer at these angles before.  ANY 

>comments will be well taken.





I recently did this, except I used raw ribbon mahogany veneer on the 1/4" round 

routed corner. I had to bend VERY gently or it would crack, so PRACTICE on a 

test piece first. I'd suggest using a cloth or piece of paper held along the 

already glued/fixed side of the corner and then pulling gently on the 

paper/cloth around the corner to distribute the force evenly. That way I could 

bend the entire 15" corner along its entire length, all at once. I would 

suggest three things to think about:



1) Use 1/2" radius - 1/4" is tough

2) Do NOT use water-soluble contact cement. Despite their claims, it sucks. Not 

only does it expand the veneer, which gives cracks days later when it fully 

dries on your cabinet, it doesn't hold very well either.

3) Make the grain parallel to the corner - it will bend easier.





PS - Ralph, could you let me know if this gets to you? I've been having posting 

problems. Use hyre@meg.bmsc.washington.edu or dhyre@u.washington.edu



-- 

                                                  David





 o----------------< Dr. David E. Hyre >---------------o 

 | K 410 Health Sciences Building 1959 Pacific Avenue | 

 |              University of Washington              | 

 |         Dept. of Biochemistry   Box 357742         | 

 |            Seattle, Washington 98195-7742          | 

 |                dhyre@u.washington.edu              | 

 |             hyre@meg.bmsc.washington.edu           | 

 |  http://brie.bmsc.washington.edu/carmen/index.html |





Imaging

ate: Mon, 4 Mar 1996 17:40:00 -0500 

 [/PRMD=BNR/ADMD=TELECOM.CANADA/C=CA/;bcars520.b.440:04.02.96.22.40.24] 

From: "david (d.) dal farra" <gpz750@bnr.ca>

To: bass@mcfeeley.cc.utexas.edu

Cc: bass@lunch.engr.sgi.com

Subject: re:Experts Ken Kantor, Dal Farra 

Message-ID: <"12473 Mon Mar  4 17:40:34 1996"@bnr.ca> 





Great questions, and my experiences have been somewhat different than 

Ken's.  Here are a few common points you can think about.



>1. How do you adjust "imaging" and what freqency band(s) are critical?



There are a plethora of books dealing with the perception of localization.  

Its a field of study in auditory psychology, you can actually major it in 

grad school.  



While each design approaches its goal in a certain way, and that is what 

Ken was referring to, the fact of the matter is that our ears/brain are 

all frighteningly similar regarding how they perceive things.  It all 

depends upon what aspects of imaging your gunning for, but there are scant 

few choices regarding what your ears must see to realize that goal.  How 

you set up that soundfield is another matter.   For example, Ken's magic 

speaker was one method of playing psychoacoustic tricks in the time domain 

in order to increase spaciousness and offer a more tonally accurate 

design.   The same goal can be roughly realized by creating a live end 

dead end room and using a loudspeaker with standard radiation and temporal 

properties.   Experience leading to different methods all driving towards 

a relatively common goal.

  

>2. What determines the "depth" assuming no diffraction problems?



Reduce local reflections and diffraction from the loudspeaker.   Some 

tricks you can even play include a reduction in mid range power o/p, 

certain space cues off boundaries, head motion along with special rates of 

decay with distance.  



>2. Can you adjust "image hight",how?



I respectfully but strongly disagree with Ken here.  As Ken pointed out, a 

sense of horizontal spaciousness can be increased by decreasing inter 

aural correlation, as our ears are side to side.  There's more to it than 

that...



One day a friend dragged me to his home to brag about the incredible 

height he was getting out of his Mirages.  One minute of obligatory 

listening confirmed that the height was enormous!  Basically, images were 

about 6' above the height of the speakers in the center stage, but 

collapsed dome like towards the speakers.   I started getting suspicious 

so I moved my head ever so slightly left to right, and immediately asked 

for a screwdriver.   Three minutes later and my hunch was verified: Mirage 

wired the two tweeters out of phase!  Perceptually, I suspect at least two 

things were at play:  



We tend to localize height via spectral notches in the head related 

transfer function.  For example, play a 4 kHz tone out of a speaker free 

field, then play an 8 kHz tone. The 8 kHz tone will sound as if its coming 

above the loudspeaker.   I suspect one aspect of the increase in image 

height noticed at my friend's was due to the frequency response 

aberrations resulting from two woofers in phase and two tweeters out of 

phase.   The resultant complex sound field was probably playing a trick by 

simulating the spectral notches.   I also suspect there are relative 

temporal cues at play, though I've never seen this studied.



You can also increase vertical spaciousness through longer time delays on 

vertical reflections (need a very high ceiling).  Concert hall designers 

do this all the time and Japanese auditory researchers have recently beat 

this to death in the literature.    



In truth though, these are all distortions as standard recording 

techniques do not capture height information. Bose tries to increase 

spaciousness by pointing a tweeter at the ceiling backwards.  Those wacky 

guys at Bose.  What a ceiling reflection really gives you with the short 

time constants of a typical listening room is a tonal balance error.  

Thats how your ear perceives it.



>3. Is there an optimum octave balance to aim for?



Its not that simple.   The octave to octave balance target is 

temporally dependent.  i.e. signal in first 20 ms has a certain target, 

from 20 to 50 has another, long term, 50 beyond another.   One long term 

average is VERY misleading.   The actual targets within each temporal 

window are also a point of preference, and are even recording dependant.



>4. I've seen serial filters used in products claiming to be "transient 

>perfekt", Is this bogus or a special feture of series filters?



Never understood this add hype.  Transient perfect is a straight wire with 

gain, i.e. infinite bandwidth.  By definition, an infinite bandwidth is 

required for perfect transients.    A special filter alignment can only 

minimize overshoot.  A Bessel alignment has this feature at the cost of 

reduced roll off near resonance.



>5. Are there any other advantage of series filters other than cost  

>efficency (steeper slopes than paralell 1st order filters)? 



Makes good add hype.



>6. How do you design for a "fast" bass, other than by luck (my way)?



This is purely a perceptual thing, and has nothing to do with "fast".   

Reduce compression plus reduced distortion with excursion and even 

over damping are keys.



Cats out of the bag, go put Bose out of business.  :-)



Wondering why Ken gets a first name ;),



Dave Dal Farra (gpz750@bnr.ca)     "I was moving so fast I started

Nortel Technology                   using Him as a braking marker"

Audio Design Group                         FJ1200/GPz750



Date: Fri, 8 Mar 1996 11:09:00 -0500 

 [/PRMD=BNR/ADMD=TELECOM.CANADA/C=CA/;bcars520.b.171:08.02.96.16.10.26] 

From: "david (d.) dal farra" <gpz750@bnr.ca>

To: bass@mcfeeley.cc.utexas.edu

Subject: Purl and Kantor in a steel cage match 

Message-ID: <"29006 Fri Mar  8 11:11:03 1996"@bnr.ca> 





In Re: Imaging with Carver 60" ribbon Douglas flexes:



Good summary of the discussion Doug, I never knew you had it in ya.  



>Imaging is a phenomenon produced by interaural cross-correlation.



Make that spaciousness is produced by a lack of.



Doug:

I would translate the "dynamic" epithet as describing qualities including 

the Q of the woofer system and the bandwidth (read "high-frequency 

extension") of the system.  Carver Corporation received feedback from 

users of the Platinums that the bass was insufficiently dynamic -- 

puzzling, since the speaker has one of the most extended and powerful 

lowest octaves available.

***



I'd hypothesize that this could be a subjective reaction due to its 

reduced power response in the bass (i.e. less overall bass energy in the 

room for a given flat on axis) thanks to the low frequency directivity 

index.  Dipole bass: more "detail" (temporal SNR actually), less "slam" 

(power actually).



Doug:

One of the design parameters that has contributed to the popularity and 

success of the ubiquitous 6.5" woofer/1" tweeter loudspeaker is the 

choice of a Q of 1 or higher.  In fact, the famed BBC Monitor design of 

nearly two decades ago specifies a Q of 1.3 to 1.5 -- a significant 

departure from flatness.  I have found that a sliding scale exists: The 

lower the cutoff of a system, the closer to critical its damping had 

better be.

***



I've also found that the if the bass bandwidth is restricted, it's wise 

to prematurely roll off the top end.  I thought the LS3/5a (I assume 

thats what you're referring to) had a Qtc of 2?



Peter Dahl comments:

Expl: For example, Dave Wilson states that the most important region is 

the 100-300Hz band and says: "-most speakers cant reproduce this range 

convincingly with low distortion"From Danish HiFi magazine -95. 

****



This makes complete sense if you think about it.  The dominant 

fundamental of human speech (1st formant) typically lies in the 100 Hz to 

300 Hz range.  What do we spend the majority of our lives listening to 

the most?  Its not an oboe or a violin, its something we're intimately 

familiar with: the human voice.  If your speaker gets this wrong, pack it 

in.  Even doug could figure this out.  This creates a paradox for sub 

listening.   Do we crossover at 80 Hz and avoid potential problems, or do 

we separate the bass and bass/mid appreciably, than slap a crossover 

right around 250 Hz to avoid the "floor notch"?  The first solution 

avoids xovers in this delicate range, and any potential power response 

probs associated, but leaves the first floor notch.  The second solution 

results in long term power response irregularities but tonal flatness in 

the first 20 ms.   It also makes the assumption that the recording has 

the proper "space" cues.



Whatever,



Dave Dal Farra (gpz750@bnr.ca)     "I was moving so fast I started

Nortel Technology                   using Him as a braking marker"

Audio Design Group                         FJ1200/GPz750





Date: Sun, 3 Mar 1996 16:32:54 -0700 (MST)

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

To: Loudspeaker List <bass@mcfeeley.cc.utexas.edu>

Subject: Center-Channel Loudspeakers

Message-ID: <Pine.ULT.3.91.960303163223.17688H-100000@selway.umt.edu>



The problem is that video and music applications have conflicting needs 

in a center channel.  The need to keep dialog centered on the TV set for 

off-axis viewers mandates destruction of stereo for the dialog track.  

Only the music and effects tracks can retain stereo while a subject is 

speaking on screen.  One easy way of centering dialog is to raise the 

level of the center channel relative to the L&R channels by an increment 

sufficient to enable the Haas, or precedence effect, to shift the apparent 

localization of dialog to the center channel.  Another expedient, which 

accomplishes the same result, though by different means, is to suppress 

identical L&R signals and shuttle them into the center channel with 

decoder steering.



You are right that most center-channel video speakers compromise their

radial projection through expedience.  Good reason not to buy them, since

they don't usually reproduce music well anyway.  The choice of design is

impelled by the need to give the consumer something flat to flop on the

TV. 



In my experience, all forward channels benefit from restricted vertical 

dispersion.  Carpets are sufficiently universal to kill the floor bounce, 

but the ceiling bounce is a killer.  I see that the Chevalier du Lout on 

r.a.h.e., Siegfried D., is asking for advice about remodelling his 

listening room.  He has an acoustically advantageous sloped ceiling, and 

thinks he should flatten part of it with a false ceiling.  I think you 

should all write back and urge him to go ahead with his plans.  This is a 

stirling example of the quality of his knowledge.



Doug Purl





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



Date: 03 Mar 96 23:16:41 EST

From: Ken Kantor <71154.1265@compuserve.com>

To: <bass@mcfeeley.cc.utexas.edu>

Subject: More home theater and depth

Message-ID: <960304041641_71154.1265_DHB39-1@CompuServe.COM>



Holman is correct.  The floor and ceiling bounces are more deleterious

for several reasons:



1- Timing.



2- Typically reflective and unbroken.



3- The direction of the echos don't add interaural spatiousness.



The form factor of most centers is a matter of practicality and customer

preference in placement.  NHT tries to use close driver spacing and 

low crossover points to reduce horizontal interference patterns.







Date: 06 Mar 96 17:51:10 EST

From: Ken Kantor <71154.1265@compuserve.com>

To: <bass@mcfeeley.cc.utexas.edu>

Subject: Craig Stark: I Can Integrate In 20 ms!

Message-ID: <960306225110_71154.1265_DHB13-1@CompuServe.COM>



Sure, it's related to the "Haas" effect.  I put that in quotes since it's

common to lump a few different effects into that name.  There's the 

audibility of discrete echos, there's the effect on timbre and there's the

effect on localization.  Haas actually only studied, if I remember

correctly, the last issue.  The actual audibility of echos was first

studied much later by Ei... A... oh, four guys whose names I'm forgetting.  



I'm sure DDF will jump in with all the right citations.....



At any rate, my comment was also trying to point out that the flicker

integration of movie and TV frames may be determined by the same kind

of time constants in our perceptual system.



From: Ken Kantor <71154.1265@compuserve.com>

To: <bass@mcfeeley.cc.utexas.edu>

Subject: Newton E Mack: Foam Me To You

Message-ID: <960305190704_71154.1265_DHB82-5@CompuServe.COM>



No, the material itself is pretty expensive.  The easy ways of making and

cutting foam result in a "closed cell" substance.  Closed cell foam has

surprisingly little acoustic absorption.  To work foam and maintain a 

open and CONSISTENT surface structure is expensive.  



The NHT 3.3 uses maybe $0.30 cents of foam.  But the AR Magic used

cubic feet of the stuff, and relied on the response of the foam, not just

its general absorption.



Editor’s Note: The previous post was to show the differences between open and closed cell. 



Driver Selection



Date: Fri, 8 Mar 1996 04:23:23 -0700 (MST)

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

To: mauricio sanchez <MSanchez@rmpc.demon.co.uk>

Cc: bass@mcfeeley.cc.utexas.edu

Subject: Re: replacement drivers

Message-ID: <Pine.ULT.3.91.960308040957.19103K-100000@selway.umt.edu>



On Fri, 8 Mar 1996, mauricio sanchez wrote:



> Thanks to those of you who replied to my original post. 

> 

> I've managed to track down a couple of suppliers for SEAS drivers but before 

> actually buying new drivers I wanted to ask a couple of further questions.



> 

> I was wondering if it is actually worth replacing them (!) ie how much

does the > quality of output from a driver deteriorate over 10 years.Can i

expect to hear a > marked improvement from my speakers by replacing the

drivers. And finally, > should I be aiming to replace these drivers with

differnet/better drivers or > just stick to the SEAS 11FM's ? 



1.  Putting a different make or model of a driver into a complex system 

such as a loudspeaker is like borrowing push rods from a Chevy engine and 

expecting them to work in a Ford.  You would have to do a major redesign 

of the passive filters (crossover network) in order to accomplish this 

modification.



2.  Do you have any reason to suspect something is wrong with any given 

drivers in your system?  Changing them blindly won't help if they are  

not faulty.



3.  Conventional cone loudspeakers, if not subjected to severe cycling of

temperature and humidity and especially to solar radiation (ultra-violet

light), or to the explorations of cats, children, and vacuum cleaners, are

amazingly durable.  Unless someone who genuinely knows his cookies has

inspected your speakers and discovered faults, I doubt you have cause

to make individual component changes. 



4.  You may have cause to regret this line of questioning.  You are 

taking your first steps down a long hall that opens into numberless 

corridors, rooms, and vistas.  You can get lost in there.  On the other 

hand, you may discover the enchanted room.  And another.  And another.



Doug Purl



Date: Wed, 24 Apr 1996 16:45:56 -0700

From: "Dr. David E. Hyre" <hyre@Igor.bmsc.washington.edu>

To: bass@mcfeeley.cc.utexas.edu

Subject: Re: manuf. v.c. inductance spec

Message-ID: <9604241645.ZM4699@Igor.bmsc.washington.edu>



On Apr 16,  7:45pm, jasoncuadra@astec-asia.com wrote:

>      How do manufacturers specify voice coil inductance?  A dynamic

>      driver's impedance goes up 3 db/oct like a half-inductor.

>

>      What good is the spec?  A text file I read on the 'net suggested that

>      (a) this is a determinant of quality in bass-mid drivers since  (b)

>      this is non-linear (varies with excursion - has anyone tried getting

>      impedance curves before and after offsetting the cone with a finger?)

>      (c) and causes IM distortion (d) and is reduced by plating the pole

>      piece with copper (?)





   As far as I know, most manufacturers specify the inductance as calculated

from the measured impedance at a specified frequency, usually 1 kHz. As you

indirectly suggest, this is not an ideal specification, as the "apparent"

inductance rises at only 3 dB/oct, while impedance compensation networks often

compensate for 6 dB/oct. The voice-coil inductance acts more like a regular

coil in series with a second coil bypassed by a resistor, which gives the

softer rise. Plating the pole piece with copper reduces the apparent inductance

by allowing a current to be induced in the copper opposite the induced field in

the pole. Of course, this adds to the complexity of the specified impedance.

The dependence on excursion comes from the amount of pole piece still immersed

in the field of the coil (I think...). Therefore, it IS somewhat of an

indicator of quality, since the shorted (plated) driver will have a lower

inductance which will rise closer to 6 dB/oct. Overall inductance is probably

not as good an indication as the rise, I would guess. Does this help? Anyone

else know for sure if this is true?



-- 

                                                  David





 o----------------< Dr. David E. Hyre >---------------o

 | K 410 Health Sciences Building 1959 Pacific Avenue |

 |              University of Washington              |

 |         Dept. of Biochemistry   Box 357742         |

 |            Seattle, Washington 98195-7742          |

 |                dhyre@u.washington.edu              |

 |             hyre@meg.bmsc.washington.edu           |

 |  http://brie.bmsc.washington.edu/carmen/index.html |

 o--< Voice: (206)543-6391 >--< FAX: (543)542-8394 >--o





Crossover

Date: Wed, 20 Mar 1996 14:34:55 +1000 (BEST)

From: Jonathan Point <jonp@wormald.com.au>

To: a.platt3@genie.com

Cc: bass@mcfeeley.cc.utexas.edu

Subject: Re: Impedance!!

Message-ID: <Pine.APO.3.91.960320142434.24717B-100000@animal>



On Wed, 20 Mar 1996 a.platt3@genie.com wrote:

> Mr. Stark...

> 

> I have the same question as Mr. Trim (on impedance) but your explanation

> doesn't meet ends with my brain.  If impedance rises for a woofer past

> crossover point and vice versa for the tweeter, won't the combined

> impedance for two 8 ohm drivers driven in parallel be 8 ohms (or am I

> just nuts)?



Ah hah! Another impedance vs. x-over question!



Sir, crossovers may be configured in series or parallel modes. 

Regardless of this, the load "seen" by the amp at a given frequency will 

be the impedance of the drivers being driven 

 e.g. If you have a 4ohm woofer and aan 8 ohm tweeter, the amp will 

"see" 4ohms at frequencies below crossover and 8ohms at frequencies 

above. AT the crossover freq, you will see a combination of these but it 

will be somewhere between the two (usually!).



BTW the impedance of ALL drivers increase at higher freq but less in a 

tweeter (because it has been controlled)



> > If the above is 

true, won't the same apply to any amount of drivers in a

> design so long as they are seperated by a crossover and driven in parallel?

> 

No, the crossover provides no impedance transformation (unless it uses a 

transformer in it - some hi power commercial speakers do), it just 

"shows" the woofer to the amp at lo freq and the tweeter at hi freq.



 Good luck,

   Jon

_______________________________________________________________________________

Jonathan D. Point                                                Email:



Date: Thu, 2 May 1996 15:37:41 -0500

From: John Dudeck <jdudeck@simcsg.sim.org>

To: bass@mcfeeley.cc.utexas.edu

Subject: Re: How do subs play below their Frequency range??????

Message-ID: <31891d16.simcsg@simcsg.sim.org>



> > So if the response is specified as f3 of 30 Hz, that means the response

> > is 3db down (half power) at 30 Hz, but at an octave below that, 15 Hz,

> > the response will be about 12 db down.

> 

> Is it 12 dB down or 15 dB down?  If the roll-off is -12 dB per octave,

> given that you are already -3 dB down, should give you -15 dB from your 0

> dB reference.



I was talking in straight-line approximations, not precise values, and I

also wasn't quite right in how I said it, either. However I believe I

originally wrote, "about" so-many db, etc. :^) Let me try to explain in 

layman's terms. The true EE's in the crowd will be sure to correct me if I 

am too far off.



When we talk about a high-pass filter response, we first need to look at

the basic curve for a first-order filter. If you draw a line that intersects

the 0 db axis at a "knee" frequency equal to 1/RC for an RC filter, and

which drops off below that point at a rate of 6 db per octave, you have the

straight-line approximation. The actual curve will be 3 db down at the knee.

It will be a little more than 6 db down at an octave below the knee, about

12 db down at two octaves, etc.



For a second-order filter that has the same knee frequency for the two

elements of the filter (I believe this defines a Butterworth filter), you

just have to add together the two curves. This causes the response to be 6

db down at the knee, a little more than 12 db down at an octave below the

knee, about 24 db down at two octaves, etc.



The next question is, for a second-order Butterworth filter with a given

knee frequency (f6), what is the f3 frequency (i.e. at 3 db down?). Now my

knowledge begins to fail me at this point, but I believe the answer is the

square root of two times the knee frequency. Or in other words, one-half

octave higher.



And then finally, what is the response at an octave below the f3? I believe 

the answer is whatever the response would be at 1/2 octave below the f6 

knee, or a little below 12 db, but I don't think it quite comes to -15.



I hope everyone followed that verbal explanation. It's too hard to try to

draw curves in ASCII with the necessary precision to show this kind of

information, and I'm too weak in the math to write the formulae and

evaluate them without going back to the textbooks or the spreadsheets and

decipher them again.



John Dudeck  SIM International Cooperative Systems Group  Tel: 704-588-6100  

jdudeck@simcsg.sim.org                                   EasyLink: 62013975

--

"Christianity is the immortal seed of freedom of the world."

 -- Alexandre Vinet

Baffle Diffraction Step



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

Date: Mon, 8 Apr 1996 19:11:39 -0400 (EDT)

From: Peter Basel <peterb@lsil.com>

To: bass@mcfeeley.cc.utexas.edu

Subject: Re: Food for thought, headroom, tricks

Message-ID: <199604082311.TAA25577@wms1.lsil.com>





William Eckle forwards from Jack Strayer:



>theatre sound engineer named Jack Strayer, who's worked on horns and 

>triode amps and analog playback gear since before my Dad was born. He

>had some things to say about speakers and amps that very much pertain 

>to t



>The absolute best of all worlds is high efficient speakers, fed by 

>triode amps with no feedback, with a 10 db minimum in reserve power, 

>and better 20 db, and Zo matching Zl at all used frequencies. At 4 

>volts out (1 watt at 16 ohms), and 80 db SPL,(A-7 standard) there 

>should be no audible distortion other than that generated in the 

>recording process. That's about all you can do.



I have to agree with this fellow's view on headroom and minimizing distortion.

I'll just say that I don't agree with his other arguments since they have some

fundamental engineering errors and misconceptions.



I think that headroom and minimizing distortion are often under rated and

overlooked.  Typical high end home systems, with 87 - 90 dB efficiency have

a hard time reaching realistic listening levels with low distortion and minimal

compression.  The typical 5" midrange used in many 3 way systems becomes both

displacement and thermally limited at the low end of its operating range.  This

can be seen in reviews in Audio of such great speakers as B&W801 and KEF104

etc.  The problem is even greater when 1st order crossover networks are used.

I remember seeing big Infinity towers, years ago, with their 5" (Phillips)

midbass drivers removed and waiting for replacement.  I've also used and

blown out these drivers in a system with 1st order crossover networks.  These

problems are also apparent in the woofer range of most systems.  Burned out

voice coils and bottoming are evidence that this is a real problem.



peter.dahl@bromolla.mail.telia.com (Peter Dahl) wrote:



>Expl: For example, Dave Wilson states that the most important region is the 

>100-300Hz band and says: "-most speakers cant reproduce this range 

>convincingly with low distortion"From Danish HiFi magazine -95. 



He's right, there is so much musical content there that minimal distortion

and compression are key to accurate reproduction.  This is probably why he

uses 2 6.5" midranges with 1.5" voice coils in his Grand Slamm design.  Anyone

interested should see the review of his WATT V/PUPPY in Audio February 1996.

Now I realize that his systems are high priced, but he uses some very sound

design principles that DIYers can learn from.  In the max SPL tests this

system reaches 125 - 128 dB above 100 Hz most systems are lucky if they get

to 120 dB at 100 Hz.  128 dB may seem excessive but this is measured at

1m and the allowable distortion is very high, something like >10% or buzzing

and this is a very short term peak test.



Other designers are also paying attention to this range, PSB and Paradigm both

use ~6" midranges with reasonably large voice coils.  KEF is using 3  6"

drivers in the midbass, however overall I'm not a fan of these new systems

from KEF.



Another problem that he solves with a neat trick is diffraction loss.  Many

designers take a midrange driver with ~90 dB  sensitivity and use an

early gradual crossover to lower the >500 Hz range to match the reduced

output in the 300 Hz range.  The result is a system sensitivity much (3 - 6 dB) 

lower than 90 dB.  Wilson compensates for diffraction loss by providing a large

amount of overlap between the woofers and midbass drivers.  He solves the

diffraction loss problem with this technique and doesn't have to throw away

sensitivity.  This combined with multiple drivers, which provide +6 dB voltage

sensitivity, and vented bass make it possible to produce systems with 93+ dB

sensitivity.  The overlap also reduces midbass dips due to the room interface

since the mids and woofers behave more like a line array that is extended

by the floor boundary.



Pete Basel

Date: Tue, 9 Apr 1996 15:49:32 -0400

From: VenableJR@aol.com

To: bass@mcfeeley.cc.utexas.edu

Subject: Re: Food for thought, Basel hits a home run

Message-ID: <960409154931_187766068@emout09.mail.aol.com>



In a message dated 96-04-08 19:19:06 EDT, you write:



>He's right, there is so much musical content there that minimal distortion

>and compression are key to accurate reproduction.  This is probably why he

>uses 2 6.5" midranges with 1.5" voice coils in his Grand Slamm design.

> snip

> He solves the diffraction loss problem with this technique and doesn't have

to throw >away sensitivity.  This combined with multiple drivers, which

provide +6 dB

>voltage

>sensitivity, and vented bass make it possible to produce systems with 93+ dB

>sensitivity.  The overlap also reduces midbass dips due to the room

interface

>since the mids and woofers behave more like a line array that is extended

>by the floor boundary.



Basel's food for thought is absolutely correct and he brings up a good point.

 The diffraction problem is most often overlooked.  Roughly said, the baffle

diffraction step is, at a wavelength of sound equal to twice the baffle

width, the loudspeakers radiation pattern changes from full space to half

space.  So loundspeakers measured in half space (most all of them are) will

have a cut in midbass when the speaker is placed out into the room-which is

where it usually sounds best.  Most speakers will be cut around 6 dB in the

bass and midbass region.  Designers have two options to reinforce the

midbass.  One is the way Basel describes which retains the high sensitivity.

 The other is the way ProAc does things.  They use the same mid driver as the

WATT (Scanspeak 8545) but they are forced to use a crossover that is the

inverse of the rising response.  For instance, the driver averages a 2 dB per

octave rise in frequency then the electrical crossover has to cut at to 2 dBs

per octave, so it sums flat.  This is why the ProAc 2.5s have a sensitivty of

83 dBs whereas the WATT\Puppy is 93 dB.  



One side note, Vifa measures there drivers in full space so when your reading

the response curves you don't have to worry about all that gobbly goup above.



Joe Venable

VenableJR@aol.com



Inductor Interaction

Date: Thu, 2 May 96 11:11:07 PDT

From: dplatt@3do.COM

To: bass@mcfeeley.cc.utexas.edu

Subject: Re: Crossover - Physical Placement Interference

Message-ID: <9605021811.AA19170@jumble.3do.com>





> I do not believe this article.



> Two coils WILL interact - if the article shows otherwise, something went 

> wrong in the measuring setup. (Perhaps I just misinterpret the wort 

> CROSSTALK.)



That was the whole point of the article.  It showed how placing the

coils in different orientations will affect the amount of

electromagnetic cross-coupling between them, and thus vary the amount

of crosstalk.  



The O-scope measurements showed the differences quite clearly.  If the

two coils were placed in the same orientation (e.g. like two donuts

sitting flat on a plate, or standing up on edge in a parallel

orientation) there was a lot of crosstalk.  The crosstalk was reduced

substantially by moving the two coils apart (as Claus suggests);  if I

recall correctly, somewhere around six inches of separation was

required before the crosstalk was greatly reduced.



Placing the two coils in various different orientations (but leaving

the distances the same) changed the amount of crosstalk by different

amounts.  Some orientations had little effect, some had a really major

effect.



To visualize this:  place your two hands flat on the desk in front of

you, palms down, fingers away from you, thumbs almost touching.

Pretend that your hands are two inductors.  This is the arrangement I

mentioned above - the orientations are the same, and there's quite a

lot of crosstalk.  The axis of each inductor lies along an imaginary

line which is perpendicular to your palm (it comes in the back of your

hand and goes out through the palm).  Because the two axes are

parallel, there's a lot of magnetic coupling between the two

inductors, and it takes quite a bit of distance to reduce the coupling

and the crosstalk.



Now, rotate your right wrist so that your hand is raised to a vertical

position, thumb pointing up, fingers pointing away from you, right

palm to your left.  Leave your left hand where it is.  This is the

first alternate position, and it's almost as crosstalk-sensitive as

the first position.  The two axes are no longer parallel, but they lie

in the same plane, and hence there's still a good deal of coupling and

crosstalk.



Now, stick out your right elbow, rotating your right hand by 90

degrees.  Your right fingers will point to the left, your right palm

is towards you, your right thumb is still sticking straight up.  This

is the coil orientation which Stephen was referring to - the one with

very little crosstalk.  The axes of the two conductors are neither

parallel, nor even in the same plane - they are perpendicular.  As a

result, there's very little coupling between them.



This is the same principle which says that power and signal wires (or

any two conductors bearing signals which might interfere which one

another) should be kept well apart when they're running in parallel,

and should be kept at a 90-degree angle when they cross over one

another.  Distance, and keeping the orientations perpendicular, are

two different (and equally useful) methods for minimizing

electromagnetic coupling.



Dave Platt    dplatt@3do.com                           |  Moderator of

      USNAIL: The 3DO Company, Systems Software group  |  the Jade Warrior

              600 Galveston Drive                      |  mailing list

              Redwood City, CA  94063                  |



Date: Thu, 2 May 1996 14:58:12 -0500

From: John Dudeck <jdudeck@simcsg.sim.org>

To: "The \"Bass\" list" <bass@mcfeeley.cc.utexas.edu>

Subject: Re: Crossover - Physical Placement Interference

Message-ID: <318913d5.simcsg@simcsg.sim.org>



Claus F. wrote:

 

> I do not believe this article.

> 

> Two coils WILL interact - if the article shows otherwise, something went

> wrong in the measuring setup.



Not so. Let's think through this a little further...



> (Perhaps I just misinterpret the wort CROSSTALK.)



I believe crosstalk means the same as interaction, or mutual coupling, or 

mutual induction, which is the same thing you seem to be implying.



> If you put two coils on top of each other and measure the millihenry 

> value, you will get a higher value than the sum of the two (or - perhaps 

> a lower value, depending on how you couple).



This is not so if the inductors are perpendicular to each other. A helical

(solenoid-wound) inductor has an effective axis down its middle. Any

current through the coil creates a magnetic field parallel to the axis, and

any varying magnetic field which parallels the axis creates a current  in

the coil. Now if two inductors have their axes perpendicular to each other,

the magnetic field from one will never vary along the axis of the other, and

their will be no induction of one in the other. Furthermore, in three-

dimensional space it is possible to have three perpendicular axes, so it is

possible to have three inductors in the same space which are mutually

non-coupled.



I can see a potential for misunderstanding here, however. It is not always

obvious where the exact axis of an inductor lies, since it may not be

constructed completely symmetrically. If the axes of the two inductors are

not PRECISELY perpendicular, there will be some degree of mutual coupling.

If you mean that there is a small residual coupling in real-life situations,

you are correct. But if we are talking about the theory here, there is

theoretically the possibility of there being no interaction.



But remember also we are talking about real-life passive crossovers here,

where the same program material is coming from both the woofer and tweeter,

and even though there probably is a bit of residual coupling, say 20-30 db

below the main signal, the effect is going to be completely swamped by other

inaccuracies in the system. If you rotate the inductors until there is

minimal coupling, any residual effect will be completely negligible.



John Dudeck  SIM International Cooperative Systems Group  Tel: 704-588-6100  

jdudeck@simcsg.sim.org                                   EasyLink: 62013975

--

"Christianity is the immortal seed of freedom of the world."

 -- Alexandre Vinet



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

Driver Placement



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



Date: Wed, 10 Apr 1996 10:16:09 -0400 (EDT)

From: Peter Basel <peterb@lsil.com>

To: bass@mcfeeley.cc.utexas.edu

Subject: Re:Basel says "It's not the meat...."

Message-ID: <199604101416.KAA01476@wms1.lsil.com>





>I need to consider your analysis of the small driver more.  I don't, offhand,

>agree with the idea that VD is all that matters.  



Let me make sure we're considering the same statement: VD is all that matters

for determining maximum displacement limited SPL.  This is very widely accepted

and is why the diameter of the driver is not an issue, except to calculate VD,

in Thiel and Small analysis.  I provided the equations from Small they are also

given in Beranek, and Don Keele's award winning paper:



"Low-Frequency Loudspeaker Assessment by Nearfield Sound-Pressure Measurement"

JAES vol. 22 (April 1974).



As you probably know, this paper changed the way that low frequency

measurements are made and is the technique that is almost universally used

today.  The detailed analysis is in the literature.



My assertion is also supported by S. Linkwitz in:

"Excursion-limited SPL Nomographs", Speaker Builder Magazine, 1984, Issue 4.



Linkwitz also points out that this analysis is valid for the "low frequency"

(ka < .5) range of midranges and tweeters.  Midranges and tweeters can also

become displacement limited especially when 1st order crossover networks are

used.



Of course, piston area does matter when calculating other driver characteristics.

But it is possible, theoretically, to design drivers of differing size for equal

low frequency performance within practical realizable limits.  In fact all that

is required is that Vas, Fs, Qes, Qms, VD, Re, Lvc and thermal capacity

be equal.  The one difference would be Doppler distortion due to the incresed

piston displacement of the smaller driver, but this is a small secondary effect.



This theory applies for simple sources, that is, those that are "small" (ka<.5)

relative to the wavelength.  The above analysis degrades gradually as frequency

increases.  The question as posed originally was about low frequency distortion,

thus the analysis applies.  Generally 200 Hz is considered to be the upper limit

for this analysis, but go ahead and use the ka<.5 value when in question.



>Maybe a good way to understand my point is not to think about a single

>small driver with high excursion but, rather, two small drivers each with

>the same excursion as the single larger driver.  Their displacement in

>space means they will never quite move the air as efficiently as the

>single piston.  Obviously, they will tend to as the frequency approaches

>0 Hz, thus the "coupling" terminology.  



It sounds like you are explaining mutual coupling which, for the cases that

we are considering, is not an issue.  All of the cases big, small, multiple

drivers are close enough, relative to the wavelengths in question, so that it

is reasonable to vector sum their volume velocities before calculating the

total power.  Thus all of the cases in question see the benefit of mutual

coupling as a result of summing their volume velocities before calculating

power.  As long as the separation of the two drivers is "small" relative

to the wavelength in question they will behave as the larger driver.  You don't

have to go all the way to 0 Hz just low enough so that the driver separation

is "small" relative to the wavelength (ka < .5).  Let me pose your example 

from another perspective:  Take the cone of a large driver and chop it in

half, separate the two halves by a few inches and make them round.  All of

these changes have little effect at low frequencies where the wavelengths are

long.  Thus the large driver is really the same as the two smaller drivers.

>From Beranek:  "When the dimensions of a source are much smaller than a

wavelength, the radiation from it will be much the same no matter what shape

the radiator has, as long as all parts of the radiator vibrate substantially

in phase.  The intensity at any distance is directly proportional to the

square of the volume velocity.  I = Uo^2 f^2 po/ 4r^2*c"  The only place

where SD comes into play is in calculating Uo as I've stated before.



Your point is correct in that as the driver separation becomes large relative

to the wavelength the multiple sources operate more independently with

directional effects coming into play.  But this has little

bearing on a big vs. small driver of equal VD, since the big driver is like

two small drivers that are very close together.  The question as originally

posed was about 2 woofers close together.



This can also be analyzed by looking at the mechno/acoustical circuit.  We have

the mechanical piston moving with a velocity u which drives the acoustical

circuit through a transformer with a turns ratio equal to the surface area (Sd)

of the piston.  If we pull the mechanical circuit to the acoustical side

the mechanical velocity u is multiplied by Sd to determine the acoustical

volume velocity.  How this volume velocity is produced, big, small, or multiple

pistons doesn't matter since "small" pistons all behave as point sources and

thus directional characteristics don't come into play.



>Well, there is also the issue of radiation impedance; coupling.  



An unintuitive aspect is that the acoustical radiation impedance becomes

independent of the driver size for cases where the source is "small".  From

Beranek: "If the frequency is low  .  .  (ka < 1) Rar may be computed from

Rar = .0215 f^2."  We can conclude that equal acoustical volume velocity

into equal loads produces equal power.  However remember that if this

acoustical radiation load is "pulled" back to the mechanical side the Sd

ratio is applied so that the radiation load is a function of surface area

as seen from the mechanical side.  This is not a discrepancy since

the mechanical power will also be the same for systems of equal VD.



In summary:

VD is all that matters for determining the spl of a "small" driver and/or

multiple drivers of "small" separation.  Small being ka < .5.



And for the special case of VD = VDmax:

VD is all that matters for determining maximum displacement limited spl

for a "small" driver and/or multiple drivers of "small" separation.  Small

being ka < .5.



This is supported by Beranek, Thiel, Small, Linkwitz, etc.



Pete Basel





Date: Fri, 15 Mar 1996 08:31:54 +0000

From: ww@entropy.netwide.com.au

To: peter.dahl@bromolla.mail.telia.com

Cc: bass@mcfeeley.cc.utexas.edu

Subject: Re: Up, side, down, foam you turn me.....

Message-ID: <199603142129.LAA26962@entropy.netwide.com.au>



> Placing the tweeter under the woofer seems to have a few

> advantages, like saving time(delay:), tilting the listening

> axis/vertical response anomalys, when using assymetrical

> xo-slopes.



I agree that placing the tweeter under the woofer will often tilt

the axis of the main radiation lobe of the loudspeaker. However,

this does not necessarily have anything much to do with using

assymetrical crossover slopes, as your comment seemed to imply.



For example, a 3rd-order Butterworth acoustic response on the woofer

and tweeter in a two-way system will produce a tilt in the main

radiation lobe. The reason is that there is a 90 degree phase shift

(or is it 270 degrees) between the output of the woofer and tweeter 

at crossover (at least theoretically). At some off-axis angle the 

responses will be in-phase with each other, leading to a boost in the 

summed response. 



Linkwitz-Riley designs, or others that produce an on-axis sound

pressure summation whereby the two outputs are in-phase with each

other, and are -6dB down at the crossover point, will produce a main

radiation lobe that is not tilted. The off-axis response falls away

smoothly, and there is no potential for the off-axis response to be

greater in magnitude than the on-axis response.



> 1. Is this just another (of the many many) design decisions in speaker 

> design, or is it more theories/fairytales behind it?



It is definitely a legitimate design decision. If the main lobe of 

the loudspeakers radiation pattern is tilted downwards, then this 

will often lead to added absorption if the floor is covered by 

carpets or rugs. If the main lobe is tilted upwards, then the ceiling 

will provide stronger reflections which will affect the percieved 

sound quality. 



> 2. Are there favourable directivity/dispersion characteristics with this 

> format, and if so, what are they?



Because of the interaction of the loudspeaker's radiation with the

room acoustical properties, it may be difficult to define hard and

fast rules. In some cases it is desirable to reduce the influence of 

early reflections, while in other cases their total elimination can 

produce a less pleasant listening experience. This probably depends 

on ones own tastes and requirements to some degree.



> 1. What proporties does foam have (compared to poly/fiberglass),

> that make it so attractive?



I guess it may have better acoustic absorption properties, but one 

would need to check this by measurements or look up the appropriate 

data sheets. Also, acoustic foam tends to be easier to work with in 

many applications. Fibreglass can possible be unhealthy as a result 

of the small fibres that may be dislodged and inhaled.



> 2. Is there a quality unit for "acoustic grade" foam, e.g. PPI, Kg/m3, and 

> if so which one (good to know when ordering from foam-fabric)?



There are foams that are manufactured specifically for acoustic 

absorption applications. They are usually a lot more expensive than 

normal foams (in my experience). Also, the manufacturers will 

provided frequency response curves of absorption for different foam 

thicknesses, where the general furniture type foams don't have this 

information. It would be interesting to compare their relative 

effectivities in acoustic absorption applications.



 



Witold Waldman

Email: ww@netwide.com.au

Fax: +61 3 9497 4441

�

T/S Parameters



Date: Mon, 18 Mar 1996 08:49:20 +1000 (BEST)

From: Jonathan Point <jonp@wormald.com.au>

To: Neil McGann <webster.house@dial.pipex.com>

Cc: bass@mcfeeley.cc.utexas.edu

Subject: Re: Bandpass LS measurements

Message-ID: <Pine.APO.3.91.960318082931.23829A-100000@animal>



On Sat, 16 Mar 1996, Neil McGann wrote:



snip!

> I start: are there any electical measurements that can be made to confirm

> parameters on the finished box? 

 

No, not really. If you were to use a computer modelling program however, 

you could predict the curves and then measure them to see how close you 

got! My experience with this has not exactly been rewarding because, 

whilst impedance varies critically with changes in parameters, the 

overall enclosure response doesn't! (e.g. if you worry about a 20% error 

in peak impedance, it may have been caused by a 5% Qms error which will 

make even less difference to the overall response!)



Just look to see if the calculated frequencies line-up.



 Good luck!

   Jon

_______________________________________________________________________________

Jonathan D. Point                                                Email:

Enclosure Types



Sealed



>Subject: Questions about stuffing

>Author:  Ken Kantor <74000.2672@compuserve.com> at internet

>Date:    9/18/97 7:33 PM





>The purpose of stuffing a vented box is to reduce internal standing waves 

>from cabinet wall reflections.   You do not want pressure converted to heat 

>("adiabatic to isothermal" conversion).   For this fiberglass is ideal, and 

>specialized polyesters which are much easier to handle are very close to 

>ideal.   But, in a sealed system, absorption is not the name of the game, 

>heatsinking is.   

     

>Pillow type polyester simply takes up space in the box, and does almost 

>nothing.   In a sealed system, a proper polyester will not only damp out 

>standing waves, it actually reduces Fs and Qtc.  

     

>Hope this clarifies things.

Vented





Date: Tue, 23 Apr 1996 08:55:18 +0200

From: Johan.Ekman@ericsson.se

To: bass@mcfeeley.cc.utexas.edu

Subject: Re: port calculation q's

Message-ID: <199604230655.IAA19385@yoda.ericsson.se>



> 

>      When I asked why port air mass goes down with increasing diameter,

>      

>      Johan answered:

>      

>      >What you're missing is that the compliance is changed when the port   

>           

>      >area gets increased. The mechanical compliance is reversed 

>      proportional   

>      >to the area squared, while the mass is only proportional to the area. 

>      

>      

>      Could you explain a little further?  Intuitively compliance should be 

>      inversely proportional to port area, not are squared...

>      

>      

>      Jason (jasoncuadra@astec-asia.com)

>      



Sorry for the delay in answer.



The mass is, as you suspected, computed by taking the volume of air

(don't forget end correction!) and simply multiplying with air

density (about 1.2 kg/m^3). Mechanical compliance is, according to

Small:



          V

Cm = -----------  m/N

      2        2

     c * Ro * S



Where:

V = volume of box (m^3)

c = speed of sound in air (~= 345 m/s)

Ro = density of air (~= 1.2 kg/m^3)

S = area of port (m^2)



S^2 is really a conversion factor, that allows us to convert between 

acoustical and mechanical units:



Ma = Mm / S^2

Ca = Cm * S^2



Interestingly, from this one can see that acoustical compliance is not

in the least affected by port size! Acoustic mass, however, is. This 

allows us to use the same equation (f = 1 / (2Pi * SQR(M * C) ) to

calculate the resonant frequency, whether we're using mechanical or

acoustical units. No, it might not be very intuitive, but it's quite

convenient!



Hope this made any sense...



Interesting to see if this message makes it through. Last time I got a

"message not deliverable", so it surprised me to see you actually got

it!



Johan



Date: Wed, 24 Apr 1996 14:49:45 -0600 (MDT)

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

To: bass@mcfeeley.cc.utexas.edu

Subject: Port Location; Stuffing Vented Boxes

Message-ID: <Pine.OSF.3.91.960424140753.10726C-100000@selway.umt.edu>



1.  Most of the confusion about port location stems from the venerable

nonsense that a reflex system (as that name implies) bends the backwave

around and puts it in phase with the front wave.  Of course the port does 

no such thing.  A Helmholtz configuration uses impulses from the radiator to 

recruit resonant oscillations from the interaction of air masses in the 

vent and the box, as a weight suspended from a spring can oscillate 

vigorously when triggered by small impulses appropriately timed.  In a 

properly aligned Helmholtz system, the output of the port begins to 

assist the output of the driver as the latter approaches resonance.  At 

some point the outputs are equal, and at a lower point the Helmholtz 

current at the vent mouth supplants the contribution of the driver face, 

in an optimized system.



The wavelengths involved in woofering are relatively long compared to

orifice dimensions and/or spacings, box dimensions, room dimensions, etc.,

so that in-room they integrate to form a composite.  From this point of

view it does not matter where the port(s) is located.  There is, however,

the issue of radiation impedance, or coupling to the room.  A port placed

on the front of a box will not get the same mirror image as, say, a port

placed at the bottom side corner of an enclosure butted against the wall. 

And a port placed anywhere on a small box mounted on a stand will not get

the same radiation assistance as a box that is flush against boundaries. 

Knowledge of the room eigentones and the driver and port performances can

be used to select an optimum configuration.  Probably, though, such

optimization will be swamped by the characteristics of the vented box

alignment.  (Others here are qualified to give a direct answer on this 

matter.)



2.  There is a vast difference between _stuffing_ a closed box critically

to accomplish conversion of adiatic compressions to isothermal ("acoustic

suspension" more or less subsumes the topic) and _lining_ a vented box to

suppress resonant modes.  The companion pieces recently reprinted here

written a year ago by me on the physics of isothermal compression and by

Ken Kantor on the practical technique of measuring critical stuffing ought

to be made available as an item on the list url, perhaps.  You need to

understand what you are trying to accomplish before you start throwing

pillow stuffing into vented enclosures (or in closed boxes also). 

Stuffing hinders the Helmholtz principle when they are undertaken

separately; unless it is taken into account fully in the design of a

vented enclosure, stuffing should be avoided in favor of thoughtful

lining.  The rule of thumb is that one should use only enough lining to

stop the enclosure from talking through the cone.



Doug Purl



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

Aperiodic   (Variovent)



Date: Mon, 25 Mar 1996 22:31:34 -0600 

From: tvanhorn@mm.com (Thomas VanHorn) 

To: bass@mcfeeley.cc.utexas.edu

Subject: Re: Flowresistance damping

Message-ID: <v01540b00ad7d1fc8a61c@[204.73.34.46]>



>Has anyone tried flowresistance vents teamed with an NHT1259.  I am 

>considering it and don't have much experience with it, so if anyone could 

>give me their thoughts on the matter, it would be greatly appreciated.  What 

>are the drawbacks/ benifits.

>

>Thanks

>

>--

>     :)    You know the drill,  PARTY ON!!! 

>David S. Jang............Cleveland, OH   



     There seems to be quite a disparate body of opinions on the topic of

flowresistance or aperiodic damping.  Some claim that there is an effect 

similar to a vented design. Others demonstrate, Dynaudio, that the 

aperiodic disc controls cone motion at resonance.  My subjective experience 

says that the effect is similar to adding poly stuffing to the box.  I have 

used ScanSpeak  brand vents to reduce a slight hump in my AR-9's tht was 

showing up at 40 to 60 Hz. I measured a reduction of 2 dB in this band 

using warble tones and a calibrated mic. I also used them in the TSW210's 

in my surround channels.  I would say the net effect was a reduction  in 

Qtc from the specified 1.2 to perhaps .9 0r 1.0.   Again this is 

subjective.  I have never designed or built a scratch design using 

aperiodic damping.  Something Ken said at a speaker seminar about" then you 

wouldn't have a second order system....the woofer would unload before going 

to DC." in reference to the use of aperiodic damping rang a bell.



Observing what others are doing with this design, I would guess that the Vb 

should be reduced to 1/2 to 1/3 of target when using these vents.  it woudl 

be interesting to see what results you get if you try this?



Tom VH



Date: Tue, 23 Apr 1996 22:58:45 +0200

From: Ramon Ruijer <rgr@euronet.nl>

To: bass@mcfeeley.cc.utexas.edu

Subject: Variovents

Message-ID: <317D4485.6849@euronet.nl>



4 yer information:



A variovent, as constructed by Dynaudio, is intended to behave as a so-called flow resistance.

The flow we are dealing with being the AC of air we refer to as the SOUND of music.

What happens when the air flow passes the variovent? If the vent is constructed properly then the

airflow will ONLY loose (kinetic) energy, independent of the frequency. The variovent will not store 

any energy it merely dissipates part of the energy flow through it. Thus it doesn't change the order of a

loudspeaker system. Making air flow through a (dense) fibrous  material is nothing else but making air 

molecules bump into the fibers and with each impact each molecule will loose part of its energy to the fiber,

slowing down. The fibers absorb the energy: they start to "move" and this motion we call heath.



There are several parameters describing the variovent: its volume or its "portsize" and the density of the

material in the vent. Due to the construction of these babies their dominant behaviour is that of a flow

resistor and not that of Helmholtz resonator (a bass reflex port). By removing part of the stuffing it is

possible to create a whole range of suit-your-taste more or less damped Helmholtz resonators and there are some 

DIY projects in this world based on this principle.



Yet another aproxximation is calling it a highly damped, very short transmission line.



(WAIT)



So what use can we make of this component?



One typical application (one I have experience with) is to lower the total Q-factor of a second order

system. (a closed box). Building a driver into a closed box raises the total Q-factor and the resonating

frequency. (see your textbooks) By placing one or more variovents into one of the walls of the cabinet the total q-factor of the system is lowered, but the resonance frequency remains the same. Sort of what you can do by  placing damping material into the cabinet, although then both frequency and Q will change, as damping inside a closed box will make Vas larger.  I am not sure what happens to the systems efficiency, I expect it to be slightly lower. More resistance in a system (more  damping) lowers efficiency.







Wether it's necesary to lower a systems Q factor depends on that particular system, if space constraints

are a problem and you are forced to use that super special driver, then the use of a variovent might be a

solution. The systems I treated had an initial Q-factor of about 0.8 and a resonance frequency of 50Hz.

I used these in my campus room and found the bass too heavy.(As did my neighbours) After installing the 

variovents (one per cabinet) the Q factor was lowered to about 0.5, the res.freq. remaining the same. (These  values were calculated from the system's impedance characteristics.)

No change in my neighbour's attitude was observed.





WAIT a minute!! there is an air flow through the variovent, right. RIGHT.GOING LEFT RIGHT LEFT RIGHT.

(Fantastic song by Department S)

So there is an additional path from the loudspeakermembrane through the variovent to the listeners ear, 

complicating things a bit.



If we look at second order system then we find that we have sort of a time delayed additional sound source in one of our speakers walls. BUT we are dealing with the low end of the frequency spectrum, so the distance between driver & VV (VarioVent,getting tired of typing) is very small and we are allowed to treat the two  sources as one. The closed box is preasure operated at low frequencies, what means that there is no difference in phase of the soundpreasure at any side of the enclosure. This, together with the radiation properties fortwo sources placed at a distance small compared to the wavelenghts they are radiating simplifies everything: FOR LOW FREQUENCIES (WHAT'S LOW?): we only hear one source. Also, the VV is not half as loud as the driver is.And for those who don't believe in physics: neither with a function generator nor with music have I been able to hear any output through the vent, the driver was always very much louder.





Other uses:

Dynaudio has quite a few DIY projects in which they employ variovents, usually higher order systems

with multi-coupled chambers. They often use variovents to couple these chambers.  The reason for choosing such alignments is improvement of system effiency for a given driver together with an  extended lower end. 



One strange observation...

I didn't use those speakers anymore and some time ago I decided to give them away to a friend. Before doing so I decided to make some measurements to the speakers, as I have much better measuring gear then in the old days.To my surprise I found the Q-factor to be 0.8 and the resonance frequency 50 Hz... as if there was no VV in the system. What had happened was that the VV's stuffing material one way or another had become sticky or moist and  wouldn't function as its makers intended it to. (the speakers hadn't been used for 2 or 3 years). I also  checked the drivers Thiels/Small params, but these were well within spec. I didn't do anything about it because my friend like them as they were.



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



Other Bass Alignments

Date: Mon, 29 Apr 1996 19:36:54 -0400 (EDT)

From: Peter Basel <peterb@lsil.com>

To: bass@mcfeeley.cc.utexas.edu

Subject: Responses to the quiz

Message-ID: <199604292336.TAA18598@wms1.lsil.com>



Our mail system has been up and down for a few days, so I've gotten

behind and had to recover quite a bit of mail.  Sorry for the delay.



Responses to the quiz:



A number of people commented on DC blocking which doesn't really address

the bass extension aspect of the quiz.



john kasowicz writes:                   

>I believe KEK in Engaland first used this concept (series capacitor in

>woofer circuit) in the R105 loudspeaker for the following reasons



>1.   It allowed a more efficient 2 order (sealed) alignment  near

>cut-off (f3)

>the capacitor then provided an additional  pole to give a final

>alignment that was 3 order butterworth with optimum transient response

>but higher efficiency due to the *initial* choice of driver and box

>parameters.



Yes it provides a higher Figure of Merit which means that you can trade

off volume/f3/efficiency against a "better" number.  I'm sure that

many would dispute your, or should I say KEF's, claim for "better"

transient response.  Hey all you sealed camp guys you haven't mentioned

Figures of Merit which are the scientific PROOF, of the superiority of

vented systems.  We'll battle this out some other time:)



>*perhaps* peter as a prize you could offer a pair of NHT1259's :)-

>to the correct entrant



Wish I had some to give away, sorry :)



>2    as a bonus you got subsonic protection and DC blocking

>you could view this as a filter assisted sealed box alignment



These are called passively assisted alignments by the AES guys.



Dr. David E. Hyre writes:



>    Remember that all dynamic bass drivers have a significant amount of

>inductance from the voice coil, in addition to the other reactances from the

>machanical design. I've seen drivers with >3 mH. Consider this in series with

>the DC blocking cap, and you would have a notch filter of sorts, which would

>indeed have a resonance peak. Thus it is not a simple RC filter.



Getting warm, no notching that I know of, just a 3rd order alignment for

a sealed box.  More importantly is the impedance of the mechanical circuit

reflected into the primary.



jason writes:



>    SPL curve is a 3rd order hipass.  If you work out the equations, you 

>     can see that a capacitor can boost the current thru the woofer below 

>     resonance, thus extending the bass.



Yes, the current is boosted and if you examine the speaker terminal voltage

it will also peak for a "properly" aligned system.  Your equivalent circuit

is very similar to that given in an early AES article.  The simple answer is

that the capacitor forms a series resonance circuit with the inductive

component (below fb) of the input impedance.  Resonance in the electrical

circuit is the explanation for peaking and thus bass extension.

    

Craig Stark writes:



>What I think the original poster was referring to is the CG3 alignment.

>Basically, by putting a large cap in series with a woofer you can boost the 

>voltage drive below Fs and increase output.



The CG3 alignment was proposed by Clark and Geddes.  I've never read this

paper but the theory is simple enough that I don't think it's really needed.

These alignments can be simulated in CALSOD to determine amplitude response

and in BoxResponse, BoxModel etc. for MaxSPL.  They proposed an alignment with

a Qms of 10.  Drivers do not commonly have such high Qms values and Tom

Nousaine proposed a way of modifying a driver to increase its Qms and

provided a construction article in a Speaker Builder article.



>If I remember correctly, the alignment required a very high Qms and a 

>fairly low Fs to begin with.



Actually some small gain can be seen with more reasonable Qms values but

your right high Qms was required for maximum performance.  I simulated the

1259 and DV12 in such a system a while back, don't have the results handy.



Here are the answers:

  1)  Name the type of system and what are the professional journal

      references?  What is the hobbiest article reference?



      They are called passively assisted alignments.  The earliest

      reference that I know of is:

      D. R. von Recklinghausen, "Low Frequency Range Extension of

      Loudspeakers," JAES, vol. 33, No.6, June 1985.



      He covers alignments for many passive electrical and some combined

      with active networks.



      Others:

      Clark, D. and E. Geddes, "Passively Assisted Loudspeakers," SAE

      Technical Paper Series #860123.



      Tom Nousaine, "A passively Assisted Woofer System," Speaker

      Builder, vol 2, 1989.



      He adds mass to a 12" Precision TA305F to get F3=27 Hz extension

      in 1.2 cu ft.  This should be of interest to you sealed camp guys

      trying to use a small box.



      Benson has a 1975 JAES article that covers the theory as applied

      to crossover networks, his equations will work.



  2)  What is the explanation for the lowering of F3?  Everyone

      knows that an RC highpass filter can't have peaking, so

      what gives?



      RESONANCE in the electrical circuit.



  3)  What special requirements are there on the driver/system

      parameters?  How are they typically achieved?



      High Qms, add mass.



A potential implementation problem is that a high system Q is

required which conflicts with stuffing a box for isothermal behavior.

I could see lining and partial stuffing towards the back of the

enclosure as a possible solution.  This is less of a problem with

small enclosures which result in high system Q.  It is worth looking

into less than optimal but improved performance available with lower

than optimal Qms and/or unmodified drivers.



-Pete Basel

Amplifier/Speaker Interface



Date: Mon, 18 Mar 1996 09:56:19 -0500

From: Craig Stark <cs6h@crab.psy.cmu.edu>

To: bass@mcfeeley.cc.utexas.edu

Cc: TrimRo@slcc.edu

Subject: Re:  How to fig. imped

Message-ID: <314D7993.3F54BC7E@crab.psy.cmu.edu>



Robert Trim <TrimRo@slcc.edu> writes:



>  Impedance is important.. but

>which impedance.  Total impedance that the amp sees, the

>impedance of the woofer & crossover (2 way system) or the

>combo of  the tweeter, woofer & xover?



To be of any help, we're going to have to know what you're trying to

calculate based on impedance.  Are you:



1a) Trying to figure the values for components in a crossover?  If so,

you'll need to know the impedance characteristics of the driver in

question at the frequencies around the cross point.  You'll want to know

if the impedance is flat and if so, what value it is.  If not flat,

you'll want to know how it varies with frequency and how to either make

it flat or compensate for the nonlinearity.



1b) Trying to figure the values in a crossover taking into account their

non-ideal behavior?  If so, the Re of a coil is what you'll want to know

to factor its losses and the dampening change it may have on the

network.



2) Trying to figure out how well an amp will work with your speaker

system?  Here you'll need to know what the impedance looks like over the

entire range and you'll need to know a bit about your amp.  If you're

using an amp with a fairly high output impedance (e.g. many tubes, the

Pass Zen) the impedance curve of your speaker had better be reasonably

high in value across the board and flatness will certainly help.  If

you're using an amp with very little current capabilities (e.g. many

commercial receivers) you're not going to want to use a speaker that

dips too low at any point.  Again, flatness will quite likely help here.

Wild fluctuations in the impedance curve are evidence of capacitive or

inductive components that may be more difficult for an amp to drive.



RE your formula.  Remember, impedance is a frequency dependent variable

and crossovers in conjunction with a driver alter the impedance vs.

frequency function.  A tweeter with a nominally flat impedance curve

(never really the case) hooked to a crossover will show an impedance

rise as freq goes down starting around the crossover point.  Inverse

goes for the woofer.  When you hook them up together you can ideally get

a flat impedance curve (simplifying a bunch here).  Think of doing your

parallel impedance calculation over and over again at a bunch of

different frequencies and you'll get the idea.



-- 



              - Craig

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

Craig Stark, stark+@cmu.edu, http://www.psy.cmu.edu/~stark/home.html

        Department of Psychology, Carnegie Mellon University

  DIY Audio Page- http://www.psy.cmu.edu/~stark/audio/DIYaudio.html



References:



Electronically Assisted Loudspeakers.



Date: Tue, 19 Mar 1996 20:59:21 +0000

From: ww@entropy.netwide.com.au

To: bass@mcfeeley.cc.utexas.edu

Subject: Re: References for 6th order vented and dipole designs

Message-ID: <199603191000.AAA21095@entropy.netwide.com.au>



On 12 Mar 96 at 18:41, Peter Basel wrote:



> Someone asked about general info on 6th order vented alignments

> a while back.  



Here is a list of general references on filter assisted loudspeaker 

designs.



REFERENCES ON FILTER ASSISTED LOUDSPEAKERS

==========================================



"A Loudspeaker System Design Utilizing a Sixth-Order Butterworth

Response Characteristic", R.J. Newman, J. Audio Eng. Society, Vol.

21, No. 6, July/August 1973, pp. 450-456.



"A New Set of Sixth-Order Vented-Box Loudspeaker System Alignments",

D.B. Keele, Jr., J. Audio Eng. Society, Vol. 23, No. 5, June 1975,
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"Synthesis of High-Pass Filtered Loudspeaker Systems: Part 1 -

Isolated Filters Driving Second-Order (Closed-Box) Systems. J.E.
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"Synthesis of High-Pass Filtered Loudspeaker Systems: Part 1a - A
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"Dynamic Equalization for Loudspeakers", D.R. von Recklinghausen, J.

Audio Eng. Society, Vol. 28, No. 11, November 1980, pp. 770-775.



"Alignment of Filter-Assisted Vented-Box Loudspeaker Systems with
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"Active Equalization of Closed-Box Loudspeaker Systems", W.M. Leach,
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"Transient-Response Equalization of Sealed-Box Loudspeakers", V.
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"Are Equalized Closed-Boxes Preferable to Vented-Boxes", E.
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Crossover Desigin
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Date: Wed, 20 Mar 1996 12:08:00 -0500 

 [/PRMD=BNR/ADMD=TELECOM.CANADA/C=CA/;bcars520.b.139:20.02.96.17.09.05] 

From: "david (d.) dal farra" <gpz750@bnr.ca>

To: bass@mcfeeley.cc.utexas.edu

Subject: Odds and Ends 

Message-ID: <"28220 Wed Mar 20 12:32:46 1996"@bnr.ca> 





Some things I wrote in a nice discussion with Peter B are included.  The 

topics cover driver modeling, the impact of stuffing on vented boxes, 

break up, subjective effects of low frequency roll off rates and Doug's 

thermal questions.   It's long, but if you care about the science and 

perception of speaker design, I'd suspect there's something new in there 

for you.   This will be my last post for a long while so I hope you find 

it useful and I hope it stimulates some conversation.  



One last cheap shot courtesy of SNL:  Doug's wife's armpits are so hairy, 

it looks like she's got Buckwheat in a headlock.



Cheers,



Dave Dal Farra (gpz750@bnr.ca)     "I was moving so fast I started

Nortel Technology                   using Him as a braking marker"

Audio Design Group                         FJ1200/GPz750



Dave Dal Farra wrote regarding Bob's Tile project and Dougpee's questions 

regarding adiabatic/isothermal:



Like any thermo equations, box stuffing equations are derived with 

assumptions concerning the medium itself and the boundary conditions.  

My gut feeling is that Doug's confusing the compressibility/energy 

retention assumptions of the medium with boundary condition 

assumptions.  The answer to his question lies in the fundamental thermo 

equations: alter the boundary conditions and re-solve.  I think when 

you model the Cv and Cp of MDF vs tile, you won't see squat of 

difference in the results due to the fact that both boundaries are a huge

reservoir of heat relative to the medium.  The impact of changes in the 

medium will probably predominate.



===============================

Dave Dal Farra wrote regarding driver models:



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.



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.



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).



FYI, there was also a paper in the JAES by a student in '94 or '95 that 

plots the h vs alpha zone of ripple free alignments for vented 4th orders.    

Corrected my misconception that ripple free 4th order alignments require 

Qts below 0.4.  Nice little summary.  It was a great PRACTICAL extension 

of the work by Benson/Small.



================================

Dave Dal Farra wrote regarding the subjective impact of ringing:



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.



I've also been reading a great deal about the ear's temporal acuity 

lately.   If you send a low distortion signal through low distortion group 

delay simulators and listen, group delay audibility will be very low.  

This is what Lipshitz and Vanderkooy found in the 80's with this exact 

kind of study.  Unfortunately, its not a realistic scenario.  You may have 

seen a post I put up a few months back showing the effects of group delay 

on a signal or through a system that has some distortion.  Audibility of 

group delay goes up dramatically over the scenario of a clean 

signal/system.  Since loudspeakers typically generate appreciable 

distortion near resonance (on the order of 5%, appreciable), I have a 

theory that the low frequency group delay is audible in the way it impacts 

our perception of the distortion.  No one in the AES camp has tested this 

yet.  I don't even think they know where to look yet.



===============================

Dave Dal Farra wrote to Peter Bassel regarding the impact of stuffing an a 

vented, and some design targets:



>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?



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'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.  



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. :)

  

Absorption lessens displacement based power handling as it lowers the 

box/port Q relative to no stuffing.   If the port isn't showing as much 

o/p for a given alignment, the driver must be making up for it.  A trade 

off given my perception of the benefits of stuffing.

 

Dave Dal Farra (gpz750@bnr.ca)     "I was moving so fast I started

Nortel Technology                   using Him as a braking marker"

Audio Design Group                         FJ1200/GPz750
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Miscellaneous Ken Kantor Posts





Date: 02 May 96 20:41:00 EDT

From: Ken Kantor <71154.1265@CompuServe.COM>

To: <bass@mcfeeley.cc.utexas.edu>

Subject: "Eddy J. Gurney"/NHT SW3p

Message-ID: <960503004059_71154.1265_DHB42-3@CompuServe.COM>



1- We've shipped hundreds of SW3p's.



2- We try not to lie about specs.  At least the engineers try not to lie,

and we usually keep those liars in marketing under control.....



3- The 1259 woofers are sent to A&S prior to any sorting, other than 

our basic QC used to accept or reject the lot.  In other words, they are

of the same quality as we use.  



4- The SW3p has about the same internal volume, maybe a touch more, than

a 3.3.  There is nothing fancy about the SW3p, no eq, etc.  So a 

properly done home-built unit should equal its performance.



5- No bracing on the SW3, just a well-made 1" MDF box. Stuffing is 

acoustical polyester, 820 grams.



Date: 23 Mar 96 10:56:42 EST

From: Ken Kantor <71154.1265@compuserve.com>

To: <bass@mcfeeley.cc.utexas.edu>

Subject: Li,George,GS/Question For Ken Kantor

Message-ID: <960323155641_71154.1265_DHB55-4@CompuServe.COM>



Your question is a bit theoretical, since you can't build drivers with

different Xmax's that are otherwise identical.  And the whole idea of

Xmax is pretty shakey, since linearity under excursion is effected very

heavily by the box, and cannot be stated from the specs of the driver alone.



But, here are two speaker LAWS:



1- The more radiating area you have, other things being "equal", the 

stronger your bass radiation will be.  



2- The less excursion you demand from each driver, other things being

"equal", the lower your bass distortion will be.



You can break these laws, but you will go to audio jail if anyone catches

you.  



The AR-90 was a GREAT speaker for its time.  Its distortion figures came

from the use of two large, well-designed woofers in a mass-loaded and

acoustically suspended enclosure.  



The AR-9 was even better in the bass.  We have a pair at NHT that were

used as the benchmark for the bass of the 3.3.







Date: 26 Mar 96 21:41:17 EST

From: Ken Kantor <71154.1265@compuserve.com> 

To: <bass@mcfeeley.cc.utexas.edu>

Subject: Peter Dahl/Magic NHT speaker XO

Message-ID: <960327024117_71154.1265_DHB58-1@CompuServe.COM>



The NHT audio/video switch changes the frequency and slopes of the 

crossover in order to overlap the outputs of the drivers more, thus 

making the impulse response more diffuse.  



No magic at all.  It's a bit expensive, as it basically inserts an 

entirely different crossover into the circuit.  But we are working on 

a simplified version.

Date: 10 Apr 96 13:28:41 EDT

From: Ken Kantor <71154.1265@CompuServe.COM>

To: <bass@mcfeeley.cc.utexas.edu>

Subject: Ask Dr. Basel.  

Message-ID: <960410172841_71154.1265_DHB74-4@CompuServe.COM>



Re: Drivers, Mutual Coupling, etc.



Uh, I got a "A" in acoustics.  MIT was the place.  Bose was the Prof.  

Beranek was the text.  It was a tough course, taught from the wave

equation up. No need for the tutorial.  



We are not disagreeing.  But I feel that you are not hearing my point.  



I >NEVER< disputed the volume displacement assertion for a >SINGLE<

driver.  That is, of course, widely known.  The orignal questioner who

started this asked about using multiple smaller drivers.  Go back and

check it out, if you can.  



I simply meant to suggest that in the case of multiple smaller drivers,

there is the additional factor of coupling that comes into the picture.  

How much of an issue it is depends, as you say, on spacing and frequency.





I know Keele, and his work, and have discussed measurment with him on

several occasions.  He certainly knows his stuff (our brief battle of

letters in Audio two years ago not withstanding..... :).  



Anyway, thanks.  



I'm sure you can do wonders with your 100 mm.  




