Speaker Array Time Aligning With X-Over Information 

Hi 
Of course the ms is 1000th of a second .If you take the average speed 
of sound 1130 feet per second > Divide 1000 by 1130 and you will 
get .8849... ms per foot . My dsp crossover averages to .89ms when 
one foot is entered . 
My current midrange on one system need .72 ms to align at the 
crossover point . 
On my horn loaded mid system I need to delay the horn to the Midrange as it is farther back . Then sub to mid as well .
Also speaker rise time and crossover group delay add delay to the 
equation as well .
A heavey 15 or 18 is slow in responing to the first impluse compared 
to a lower mass mid or high . I have measured subs woofers that were 
the same forward to back as the mids and yet were a full 5.5 ms back 
in time from the midrange !
If you have hornloaded subs they could have a horn lenth of 6 feet or 
more . I am sure you can see how far they may be out if this system 
has front loaded mids . 
Of course .72 ms might seem small but if you look at the wave lenth 
at the crossover point it is a large amount . Wave lenths are I 
believe the speed of sound divided by freq in question . If to make 
it easy your crossover point is 1130 hz for the horn . The wave lenth 
is 1 inch . It is very easy to get 100% cancelation if you alignment 
is only 1/2 inch off . Of course the wavelenths around the crossover 
point are still being reproduced by both drivers . Depending on wave 
lenths there could be 1/2 cancelations. Some combining . Basic comb 
filering around the crossover point . Ever hear that swish sound when 
waking around a speaker ? Or two speakers close together with horns 
overlapping in coverage not aligned correctly ? 
Here is what I do .
With smaart I do a impluse time with each pandpass .
I find the pandpass that is farest back in time and add delay to the 
other bandpasses to have their impluse times reach the measurement 
mike together . Then I plot their phase angle at the crossover point 
and fine tune the out of time bandpasses till their phase angle is 
the same at the crossover point as the "reference" bandpass .
Then I delay the backline to the stacks .
I take the loudest source on stage . Say the snare in the current 
band . I delay the mains so the sound of the snare reaches the 
interset line of the mains at the same time as the sound goes out 
them.
If you were to tie a string from one stack to the other this would be 
the Zero point . To make it easy . Lets say it is 10 feet from the 
snare straight out to the string . We know that sound takes 8.9 ms to 
travel 10 feet . ( .89 times 10 equals 8.9 ms ) If I add 8.9 ms to 
the dsp now the front stack is delayed to the loudest point from 
stage . Also It is important to remember to subtract the latency of 
the mixer and the dsp crossover . Say 1.2ms for the board and 1.8 for 
the digital crossover so you would subtract 3 ms because the delay is 
already in the signal path . Or 5.9 ms total now on the mains delay . 
Now when the sound of the snare reaches the string it just starts 
coming out the speakers . This tightens the sound . Giving better 
focus to your mix . 
Doesn't the V have delay on each channel ? I guess I could now delay 
each channel to the string regards of volume ....?
Of course I use smaart to get right on the money . But averaging with 
a tape and .89ms per foot gets you close . I will add a link or two 
to give you a better explantion as I am strugling with the 
conversion .
 

http://support.siasoft.com/Downloads/binary/TechNotes/CaseStudy6/case6
.pdf
http://www.siasoft.com/
The second is the home page .
You could look at the case studies and tech notes .
You may achive better sound by aligning your channels to the 
Zero "string" point . Just remember to account for the channel or 
main out delay if you are recording . ;-)
Doug 
