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Background
When I was 17, based on an ad in Keyboard Magazine, I sent away to Linn Electronics for their flexidisc demo of the LM-2.  I got it a few weeks later, threw it on the turntable, and was wowed.  But I didn’t play an instrument, didn’t have any instruments, nor any money (that was all being saved for college) so buying a $3000 drum machine was pretty much not gonna happen.

Ok, I’m over twice 17 now and my midlife crisis is manifesting not with a sports car or a  young blond (well, my 3-year-old daughter IS blond…), but with 80’s synth stuff.  And now much of it is pretty affordable if you don’t need collector condition.  So recently I got a fairly priced LinnDrum LM-2 with a few issues that I knew I could fix.  I brought it home and fired it up – goodness gracious!  I have a couple of drum machines (Roland R5, Alesis HR-16B, TR-707, among others) but I wasn’t expecting the Linn to kick so hard.  I have an Oberheim DX which comes close, a Drumtraks which kinda doesn’t, and an 808 (which plays apple to the Linn’s orange), but the Linn is a really powerful sounding machine.

The interface is really simple and it’s amazing how much you can get done with dedicated buttons (never more than two functions per!) and 4 8-segment LEDs.  The mixer has a volume and pan slider for most every sound (only the open and closed hihat share a pair) and they’re clearly laid out.  Best of all, it’s also got a lot of intuitive, real-time control:  all the knobs are continuous rotaries for fine analog control of volume, tempo, and most of all, tuning.  You can tune many of the sounds continuously, while they’re playing, and that’s pretty cool.  But notice I said many, not all, and I think this is where the LM-2 falls a bit short.

If you do some web searching (especially the Prince-focused sites, eg,  http://www.whitwell.ndo.co.uk/musicthing/html/prince.htm ), you find folks comparing the LM2 to its predecessor, the LM-1.  I’ve never played with an LM-1, nor have I seen the schematics, but apparently there were some significant hardware differences in the early models – the hihat was only two types of enveloping of a continuously running sample, there was no crash or ride, perhaps no analog filters?  But one consistent advantage that the LM-1 had was that ALL voices were tunable (albeit via rotary pots buried way in the back (for a link to a guy who fixed his LM-1’s to make the tunability more user friendly, check out:  http://www.isatellite.info/gear.html  ).

But who can afford an LM-1, much more a collectors piece these days given the relatively small quantity produced (~500) and the revolution that it caused in the music industry?  Not me, so it became my mission to see if I can mod my LM-2 to make all voices tunable.  I got the service manual from Forat and starting digesting.  It didn’t look good, since the voices that weren’t tunable were all multiplexed together and shared a single DAC, generally unlike the voices that were tunable.  However, there is a way.

How I Did It
I also own a TR707 (see  http://home.earthlink.net/~kerrybradley/id8.html ) and that’s a circuit bender favorite.  So in my search for 707 mods, I found that Gregory Zifcak had figured out a way to make his 707’s voices tunable.  The 707 and Linn share the early digital drum concept of triggering the readout of a sampled sound in an external ROM using a binary clocking scheme.  What Gregory had done was disconnect the 707’s own clocking scheme to each voice and connected his own 555 timers, each of which had a pot to drive the astable timer frequency.

The 707 also has only a single DAC for all the voices and it multiplexes the individual voices into the DAC a sample at a time.  So if Gregory’s 707 mod worked, it probably would work for the Linn.

The non-tunable voices in the Linn are on the MUX board.  Each of them has at least one EPROM containing the samples for that voice.  In front of the EPROMs are cascaded 4-bit binary counters, that drive the address lines of the EPROM.  The binary counters are driven by a clock signal

I first looked at the sample readout rate for the EPROM on the mux board (about 28kHz), and each PROM got 4us to deliver a sample from the EPROM to the DAC.  My first experiment was to build a single timer on a breadboard that generated a 4us pulse at a frequency controllable by a 100k pot.

Here’s that circuit:

[image: image1.jpg]R3

1.5k {50
R1 R2
4.7k 100X
u
p1 |2 Uee
NC
¢ e oot I-———<To L5393
2lte  z peHo
+Sua—2RsT &
——=%{mRIc
Cl——2nF GN717

<

Pint




What’s shown is the top half of a 556 dual timer (the dual version of the classic 8-pin 555).  The diodes make it so the circuit generates a pulse.  The 100k pot varies the overall frequency.

For my initial test, I actually just took diagonal cutters and clipped the pin1 of the LS393 that drove the cowbell.  I did it because almost none of the IC’s on the main PCB are socketed and I didn’t want to have to take apart the whole Linn, desolder the IC, then tilt up the pin and resolder the IC back in just for this experiment.  As you’ll see later, doing just that can be an ugly business (at least it was for me), but if you want to mod your Linn that way, go ahead.  I took the harder way for my final version.

Anyway, I grabbed +5 power and ground from the main PCB via jumper clips, and connected the output of my 556 to the clipped-and-now-tilted-up pin 1 of the LS393.

Crossing my fingers, I turned the Linn on and started up a pattern.  While playing the cowbell crazily from the front panel button and rotating the pot, sure enough, I could tune the sound up and down and the Linn acted completely normally.

So I decided to go forward with the full-blown mod.  I disconnected the ribbon cables from their various sockets on the main PCB, removed the power connector, removed the screws for the main PCB, and tilted it up.  I then desoldered from the board the low order LS393’s for the MUX’ed voices.  These are:  Bass-U52, Tambourine-U44, Cabasa-U46, HiHat-U54, Ride-U23, Crash-U38, Claps-U48, Cowbell-U50.

As you can see below, this was an ugly job.  I used solder wick infused with generous amounts of liquid rosin, but still no fun.
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After desoldering, I cleaned up the excess rosin with acetone and Q-tips.  I then soldered nice open frame collet 14-pin sockets where the LS393’s were.

I then reinstalled the main PCB and all cabling, and inserted new LS393’s in the sockets and fired up the Linn.  Everything worked (all my patterns were gone because I’d disconnected the RAM, but I made some new ones and they were saved after cycling power, etc).

I then made my PCB daughterboard (‘Timer board’) that would contain the new 556 timing circuits.  My homebrew PCB technique uses a Sharpie pen and pre-drilled copper-clad perfboard, which is not easy to find and it’s expensive.  But it still etches nicely and saves me the hassle of drilling holes.  I designed, drew, and etched the PCB to contain 8 identical 556 timer chips that implemented 8 individual timer circuits.  I found a suitable place in the Linn to place the Timer board and positioned it in place using nylon standoffs (note:  you have to place it so when the lid comes down, you don’t touch the tops of your Timer board!).  On the right side of the Timer board, I take advantage of a pre-existing standoff hole for the main PCB; on the left side, the standoff in my board is just a stilt that rests on top of a nearby IC (so it’s only fixed in one position, but the Linn is 22lbs, so doesn’t get moved around too much).

I populated the Timer board with the components, using sockets and testpoint pins on top of the board for soldering access. Power (+5) and ground for the Timer board can be found many places on the Linn, I used points that didn’t connect to ICs (didn’t want to unnecessarily heat the ICs).

I then went back to my newly socketed LS393’s in the Linn.  I pulled out each IC, tilted out the pin 1 for each, then reinstalled the ICs back in their sockets.  I then took some rainbow ribbon cable and sized it to travel from the timer board to each socketed LS393.  I cut and stripped it appropriately, then soldered one ribbon cable wire to each pin 1; the other side of each wire went to its own clock on the Timer board.  The schematic and pictures below pretty much document this procedure:
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Sorry about the random marks on the upper left of the schematic:  my daughter thought daddy was doing coloring!  Anyway, so you can see there are 8 LS393’s that get socketed and replaced and have their pin 1’s rerouted.  But I have to explain that jumper in the lower right.

The MUX board is designed such that the overall timing of all the EPROM readouts is driven by a single 74LS627 VCO (that’s right, analog control!).  There’s a trimpot on the main PCB that sets the frequency of this VCO.  In the past, some folks on various blogs and bbs’s mentioned that you can rotate the single trimpot that drives the VCO and change the tuning of all the voices and that’s both true and fun.  But to get a low crunchy  bass, you then have to have a gong for a ride cymbal.  With this mod we’re pretty much overriding the VCO’s control over each voice, but this VCO still sets the enables for each voice and determines the multiplexing of each voice into the shared DAC.  So we gotta set this VCO to run higher than the highest individual clock on the timer board; that way, no samples will be skipped during playback. 

The way I did this was to give the VCO a higher upper range.  The trimpot of the VCO is in series with an 18k resistor to +15V, and this limits the upper rate that the VCO can run.  By jumpering over it, the trimpot for the VCO can then run much, much faster.  I show the simple jumpering I did in the picture below
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Once I got the electronics installed, I had to install the tuning pots in the main chassis.  I initially considered placing the tuning pots in a row above or below the tuning pots that already exist, but that wasn’t gonna work out:  above the pots, there’s no room since the PCB that’s there is very close to the upper panel, and below I didn’t do it because it was a tight squeeze and my drilling would have messed up the nice stock silkscreened labeling.  You could, I guess, follow the example of the LM-1 and place the tuning knobs on the back above the individual outs, but then it’s a pain not only to tune the knobs, but also to guess at which voice you are tuning.  In my opinion, this is a problem with the Oberheim DX (and apparently with the LM-1:   http://www.isatellite.info/gear.html  ).  

So I decided to remove my fluorescent orange warning label and use the last free real estate in the upper panel chassis – it’s nice because you’ll have room to drill, room to place pots, room to solder, and there’s not much front panel artwork to mess up.  So I made a hand-drawn template of that area and designed it for 9 pots:  8 for the MUX board voice controls that I was adding and one more for an individual tuning pot for the sidestick.  I did the drilling very carefully, drilling from inside to out to minimize the steel filings that might get stuck in the circuitry.

How did I do the sidestick?  That one was a little different.  It’s an advertised Forat mod, so I knew it was possible.  I looked at the schematics and realized that I could steal the concept used in the TOM/CONGA circuit and apply it to the SNARE/SIDESTICK circuit.  Basically, the TOM/CONGA board uses an analog multiplexer to switch a control voltage for a single voice to the VCO driving those EPROMs.  For example, when the Linn’s microprocessor sends a datacode to that circuit indicating that it’s time to play Lo Tom, that datacode is sent to the MUX and the CV for Lo Tom is routed to the VCO, and the sample plays back at the rate determined by that CV.  So what I needed to do was to decode when the Linn wanted to play the sidestick and use that to switch my own CV to the VCO.  Pretty simple:  I just took the decoded sidestick EPROM enable and routed it to control a DPST analog switch.  The normally-closed connection to the VCO circuitry is the snare CV, but when the sidestick EPROM is enabled, the analog switch (MAX333, which I had sitting around) throws the CV from the new 100k pot for the sidestick that I added to the CV circuitry.  The schematic and pictures below show this:
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Once I got it all installed and soldered, I played around with it.  I had to tune the main MUX VCO trimpot to eliminate some noise in some of the sample playback, but I found a good setting somewhere close to the middle of the range.

Cosmetics
I found the closest match pot knobs I could (without going to Forat and spending $$ on identical stock knobs) at AllElectronics and using acrylic paint I added indicator dots.  I also added labeling with a Brother label maker with gold-on-black label tape (again, best I could find to match the Linn’s Halloween color scheme).  Finally, I made new orange slider caps from mixing red and yellow PlastiDip and using a plastic comb as the template.
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One final note:  if I could find them and I wanted to spend the money, I would have used reverse-audio/log 100k pots for the new tunings.  As it stands, I can get pretty high tunings for all the voices at the top of the pot rotation range, but ‘normal’ voice settings are found at about “2 o’clock” per the indicator dot.  I considered using regular log pots, but to get a reverse audio function, I’d have to rotate them counterclockwise to increase the pitch of the voice.  This seemed non-intuitive and also if you’re in the middle of tuning one of the stock voices upwards (a conga, say) and you want to simultaneously tune the cowbell up, you’ll be rotating in opposite directions.  Might get weird.

Upshot
I’m quite happy!  Nothing beats real-time tweaking and it’s nice to have immediate and clear access to tuning parameters.  Most drum machines that can tune their voices let you do it one at a time (Drumtraks) and often you gotta go through a menu to get their (Alesis HR-16B, Roland R5).  Even the Oberheim DX, which does bring each voice tuning out, hides the control behind the chassis, so you can’t see what you’re doing.  In this regard, this mod to the Linn puts it in the real-time tweakability category near my 808, and that’s a lovely thing.
