Recording studio wiring diagram

When Leo Fender introduced the Jazzmaster in , his aspirations for the new guitar were right
there in its name. Fender's Teles and Strats were already wildly successful with country pickers
and rock 'n' rollers, but the company wanted to snipe some serious business from Gibson and
its jazz clientele. As you can read in Tony Bacon's "Fender Goes High-End: The Origins of the
Jazzmaster," Leo wasn't about to start making arched-top jazz boxes, but he did think the
Jazzmaster's pristine electronics and tonal possibilities would create some converts. Well, the
jazz players didn't really bite. But some rockers and surf guitarists found plenty to love in the
Jazzmaster's unique pickups, the selector switches that allowed players to dial in two tones at
onceâ€”and, of course, the wild offset shape. The vibrato systemâ€”while not to everyone's
likingâ€”was itself a new system that lent guitarists an easy way to introduce pitch-up and
pitch-down vibrato. Fortunately for those that didn't like it, you could easily lock it in place.
Decades later, the guitar's second life began as Sonic Youth , Dinosaur Jr. To this day,
Jazzmasters remain a popular model, available not just with best-of-class electronics, but in all
manner of budget configurations as well. In this guide, you can learn how to get the most out of
any Jazzmaster model. We'll outline the standard features first, teaching how each component
should work and offering suggestions for upgrades if necessary. Then, we'll show you how you
can get an inexpensive alternativeâ€”like Squier's Vintage Modified Jazzmaster â€”and modify it
into a top-grade machine. The curious shape of the Jazzmaster initially came about because of
Leo Fender's desire to attract top-shelf East Coast jazzers, who typically preferred to play
sitting down. Thus, he took great pains to give the Jazzmaster a body shape that was naturally
conforming to the body of a seated guitarist. As luck would have it, the offset shape also made
it look really cool, and even kind of wild and dangerous. Though often confused with
Gibson-style Ps or "soapbar" pickups, Jazzmaster pickups are completely unique in function
and tone. Jazzmaster pickups are constructed similarly to a Strat pickup in many ways, but are
much wider and flatter, in what's called a "pancake" wind. Sonically, these physical differences
make Jazzmaster pickups smoother and less mid-rangey than a P, while also being fatter,
louder, and warmer than a typical Stratocaster pickup. As such, they are tremendously versatile,
capable of delivering dulcet, jazzy cleans, Tele-like twang, and articulate, effects-friendly
distorted raunch in equal measure. Many players remain confused by the Jazzmaster's extra
switching options, but all told, the extra controls are simpleâ€”and useful. That means the lower
controlsâ€”the Volume and Tone pots and three-way toggleâ€”function as you would expect.
Just select the bridge pickup, neck pickup, or both pickups and adjust your volume and tone to
taste. Flick the top switch up, however, and you have accessed the Rhythm Circuit, in which
only the neck pickup is activated. The lower controls are now bypassed completely, and a
darker, bassier tone is in play. Use the black thumbwheels to adjust the Rhythm's volume and
tone. Leo's goal with this design was that, by flipping that top switch up and down, the player
can access both a preset rhythm tone and a preset lead tone, instead of futzing with pots and a
three-way toggle while you're playing. The Jazzmaster's floating, lockable vibrato system is
often spoken of in nightmarish termsâ€”and it does have its share of difficultiesâ€”but this is
the part of the guitar that many of its most adoring adherents find they simply can't live without.
It lets you wobble notes both sharp and flat and the arm is designed to let you manipulate the
bar constantly while playing. This is exemplified in the playing of Kevin Shields, Nels Cline,
among other devotees. That said, it's absolutely worth getting professionally set up if you plan
to use the original system. Many players' problems with this design start with the bridge, which
has a tendency to buzz, rattle, and allow strings to pop out of its shallow saddle grooves during
hard playing. There are a number of fixes for this, though. Many players will swap the stock
bridge for a Fender Mustang bridge , which is similar in design but has deeper grooves and is
less prone to rattling though not immune. When browsing used Jazzmaster listings on Reverb,
you'll often find models with the Mustang bridge already installed. Another option is the very
popular aftermarket Mastery Bridge, a brilliantly engineered piece of hardware endorsed by
many of today's masters of jazz. You can also find Mastery-equipped used and vintage
Jazzmasters on Reverb. As it was designed for jazz guitarists, the Jazzmaster was originally
intended to be strung with heavy-gauge flatwound strings. Thus, the stock bridge can often
work quite well after a switch to a set of 11s, 12s, or 13s not necessarily flatwound , and a good,
professional setup. This option also has the benefit of retaining all of the Jazzmaster's sonic
idiosyncrasies, which are often muted by some of the more popular modern day modifications.
Lots of players have a hankering for a Jazzmasterâ€”and a limited budget shouldn't stand in the
way. Why not buy a low- or medium-priced model and upgrade it with new pickups and wiring?
Take a look at the stock Squier Vintage Modified Jazzmaster. And a few key changes can
transform it into a great instrument with vintage-spec parts. You can also find deals on Fender's
higher-end but discontinued Vintage Reissue Jazzmasters , both US- and Japan-made, which
are already historically spec'd. The Squier comes with a pair of Seymour Duncanâ€”designed

single-coil pickups and budget electronic components. In general, the Duncan pickups are
hotter and brighter than vintage Jazzmaster pickups, and the bridge pickup likely will sound too
harsh for those with vintage tastes. Your choice of pickups will have an enormous effect on
your tone. There are a lot of good options available, particularly Curtis Novak's. His pickups not
only sound amazing but offer a great deal of variety to boot. His secret lies in the artistry of his
hand-winding technique, coupled with his vast knowledge of pickup designs, which he has
developed over more than 25 years in the business. That said, Seymour Duncan makes its own
vintage-spec replacement pickups, the Seymour Duncan Antiquity II for Jazzmasters , and
browsing through Reverb's aftermarket Jazzmaster pickups will yield more options. To
complete your electronics upgrade, you'll ideally include vintage-style 22 AWG cloth wire and
higher-quality CTS pots , as opposed to the lesser-quality pots and wiring used in budget
models. The pot values and taper, as per vintage specifications, should be:. For the capacitors,
use the value. Squiers and some other budget Jazzmaster models may not have any shielding
on the pickguard, which will be a very noticeable issue when you're plugged into an amp.
Jazzmasters have a loud cycle hum. It's caused by single-coil pickups and exacerbated by the
long wire runs required to cover the large surface area of the instrument. Surprisingly, the
Squier's control cavity pictured right is shielded with conductive paint, which is a nice bonus,
but you'll still want to properly shield the pickguard. To shield the pickguard, use either a
Fender aluminum shield or Rothstein Guitars copper shield. The Rothstein copper shield was
patterned after an original Jazzmaster pickguard, but it's universal and can be trimmed to fit any
available pickguard, including the Squier. Tools needed to install the copper shield include an
awl, Exacto blade, and spray adhesive. To reuse the original Squier pickguard, you'll need to
enlarge the Lead Circuit's pot holes with a hand reamer for the slightly larger CTS pots. Wiring
will be straightforward for anyone with basic soldering tools and skills. You can find a
traditional Jazzmaster wiring diagram on Rothstein's site here. A completed Lead Circuit is
depicted below. Observe the liberal use of heat-shrink tubing, which is optional but can prevent
the inadvertent "ground-outs" that may occur when installing the wiring harness into the guitar.
That can happen when a "hot" connection inadvertently makes contact with a ground point.
Optional features include a treble-bleed mod, also known as a "volume kit. One variation that
works well is a. The following photograph shows the completed Rhythm Circuit. Insulate the
tone capacitor with heat shrink tubing to prevent ground-outs. The last step connects the
guitar's bridge ground and shield wires to the wiring harness ground. The wires are labeled A,
B, and C in the photograph below. Points A and B connect to the cavity shielding, and point C is
the bridge ground. Twist the ends of the three wires together and solder them to the casing of
the volume pot, as displayed in the photograph. Depicted below is the final wiring harness,
ready to be mounted into your guitar. Plug it in and enjoy the dramatic improvement in tone.
Above, we discussed ways to upgrade a stock Squier Vintage Modified Jazzmaster. Here we'll
lay out some wiring mods that can give your offset more versatility and put the Rhythm Circuit
to good use. One mod reconfigures the Lead Circuit to make the guitar more like a Les Paul by
employing two independent volume controls, one for each pickup. That way, players can blend
a percentage of neck pickup with the bridge pickupâ€”or vice versa. I would recommend
sticking with the stock value of 1 meg pots. Some continue the Les Paul wiring approach by
assigning an independent tone control to each of the two independent volume knobs. The
treble-cut control, which is a low-pass filter, functions like a standard tone control. A low-pass
filter allows frequencies lower than the cutoff frequency to pass, and higher frequencies are
rolled off. The cutoff frequency is controlled by the capacitor and resistor values. The bass-cut
control is another animal entirely. A high-pass filter allows frequencies higher than the cutoff
frequency to pass, and lower frequencies are rolled off. What does it sound like? Check out the
following three sound samples. Component selection is important for the bass-cut control. You
can experiment with the capacitor value in the range of. The smaller the capacitor value, the
more pronounced the bass cut. For example, a. For the pot value, stick with 1 meg, and the
reverse taper is critical for the pot to provide a gradual bass roll-off. The diagram below shows
how to incorporate the PTB tone stack into the initial diagram. Note that with the treble cut
control, the capacitor is directed to ground, whereas with the bass cut control the capacitor is in
line with the signal. The photo includes a closeup of the bass and treble tone controls. Note the
liberal use of heat shrink tubing to prevent ground-outs during installation. In traditional
Jazzmaster wiring, when the two pickups are combined via the toggle switch, they are in
parallel. Rewiring the slide switch can engage a series connection, which yields a significantly
different sound. In the following sound sample, you can hear the same pattern, first in parallel
and then in series. This wiring scheme produces an unexpected byproduct. When the series
connection is engaged, the toggle switch in the bridge position yields no sound at all. Others
dislike having a dead toggle switch position when in series mode. Each set of solder lugs is

referred to as a pole. The traditional Jazzmaster slide switch is a double-pole double-throw
DPDT switch, and therefore has two poles. You need a three-pole double-throw switch 3PDT ,
which is available from mouser electronics Swithcraft brand, part LX. You can find a detailed
diagram depicting the extra third pole on the slide switch here. Now, hopefully at this point
you've absolutely mastered your Jazzmaster. If you have more tips and techniques for getting
the most out of your Jazzmaster, let us know in the comments. Your purchases also help
protect forests, including trees traditionally used to make instruments. Shipping Region:
Ukraine Learn More. Reverb Articles. The Jazzmaster's Unique Features. Jazzmaster Bridge and
Vibrato System. How to Upgrade Jazzmaster Electronics. Wiring Kit. Squier's Control Cavity.
Stock Squier pickguard and shield. Copper shield applied. Treble-Bleed Mod. Completed
Rhythm Circuit. Connect to the Wiring Harness Ground. Soldered to the Casing of the Volume
Pot. Final Wiring Harness. Jazzmaster Lead Circuit with dual volume controls. Click to view full
size. Completed rhythm circuit. Final wiring harness. Buying Guide: Jazzmasters. Learn
everything you need to know to choose the right Jazzmaster for you. Your guide to the latest
gear trends, demos, and deals. Sign up for the Reverb Newsletter: Subscribe. By clicking
Subscribe, I agree to the processing of my data in order to receive emails. Reverb Gives Your
purchases help youth music programs get the gear they need to make music. Carbon-Offset
Shipping Your purchases also help protect forests, including trees traditionally used to make
instruments. Oops, looks like you forgot something. Please check the fields highlighted in red.
Yes, that's correct Do not update. Track My Order. Frequently Asked Questions. International
Shipping Info. Send Email. Mon-Fri, 9am to 12pm and 1pm to 5pm U. Mountain Time:. Perhaps
you've seen the plug on the back of something. There are often two or three of these plugs in a
row. Musical instruments use these ports to communicate performance data, but the protocol
has also been extended to related devices, such as stage lighting and recording studio
equipment. MIDI itself is a relatively simple serial communication standard, but it can be
daunting because there's a lot of terminology. In the following sections, we'll do our best to
explain the terminology, while exploring the finer technical details. To lend some context to
MIDI, it helps to look at what came before, and understand the problem it was intended to solve.
The earliest commercial synthesizers were large analog systems, made up of individual
modules that got plugged together to configure the sound. One classic example of this sort of
synth is the Moog Modular. On these systems, the configuration of the patch cables, knobs, and
switches determined what sort of sound was created. Even today, the configuration for a sound
on a synthesizer is called a patch , though it might not involve any cables or plugs. The signals
between the modules were all analog, using voltages to represent musical parameters. One
voltage might control the pitch, another the timbre, and a third the amplitude. Within the system,
the signaling between the modules was standardized, so all of the modules were
intercompatible. The voltage compatibility didn't always translate to other vendors. Each
manufacturer implemented their own variant of the analog interface, tailored to their specific
needs. There was little agreement as to how the interface worked. While instruments could be
connected, there was no guarantee that they would respond the same way. There were simply
too many permutations to allow easy communication. In the late 's, Herbie Hancock was
exploring the possibilities of synthesizers, and had a live rig that incorporated instruments from
many different manufacturers. He wanted to be able to play any of them from a single custom
keyboard. Bryan Bell, Herbie's sound technician, designed and built a system to interface those
synths, as well as manage storing and loading patches. It was expensive and primitive , but it
proved the value of the underlying concepts. By the end of the 70's, many synthesizers
contained a digital microprocessor, controlling the analog circuitry, and implementing features
such as automatic tuning, pattern generation arpeggiation and sequencing , and sound storage.
MIDI gained popularity as the personal computer caught on. It was state of the art in , when the
Apple II and Commodore 64 were the height of home computing. As technology raced on, digital
audio has become commonplace, and MIDI has been adapted and extended several times.
Before we get into the details of the protocol, let's look at some of the devices that incorporate
MIDI and introduce the terminology surrounding them. The most obvious MIDI device is the
ordinary keyboard synthesizer. For the purposes of this tutorial, we'll be calling anything that
can generate sound a synthesizer or tone generator. From a general perspective, the specific
method used to generate the sound is unimportant, and there are many subtle distinctions that
differentiate between instruments. Kurzweil K Synthesizer Image courtesy wikimedia commons.
The keyboard synthesizer typically has a piano keyboard called the controller , and an internal
tone generator, which could be analog, digital, or even mechanical. The player presses a key,
and the synth produces a sound in response. The controller and sound generator functions
don't need to be bundled in the same unit, though. They could also be separate components.
Standalone MIDI sound generators, also known as sound modules , are instruments that

generate sound, but have no on-board provision for playing. They can take many forms, the two
most common might be the tabletop module. Moog Minitaur Module image courtesty Moog
Music. Roland D Rackmount Synthesizer Image courtesy wikimedia commons. One other type
of synthesizer we'll include in this category is the virtual or software synthesizer , a piece of
software running on a computer. There are many virtual synthesizers available today, including
emulations of classic, vintage instruments, and complex types of sound generation that might
be impractical as dedicated standalone devices. While the shapes differ, they are functionally
equivalent. They receive commands on their MIDI input, and respond by generating sounds.
They are usually used with a computer sequencer or an external MIDI controller. The flip-side of
the standalone sound generator is the standalone MIDI controller. The most common is
probably the MIDI keyboard controller. This offers a set of piano keys, sometimes grouped with
extra knobs, wheels or levers. It doesn't generate any sound on its own, instead sending MIDI
messages to an external tone generator. MIDI controllers have evolved significantly in recent
years, particularly as virtual instruments have proliferated. A MIDI controller allows the player to
access settings using physical controls. They can turn a physical knob instead instead of
reaching for the mouse. A wide variety of controllers are now available, reflecting many different
musical applications. These include electronic drumsets, saxophones, mixing consoles, and DJ
turntables. A keyboard controller and a tabletop drum-pad controller. The Roland TR drum
machine Image courtesy wikimedia commons. The sound generator portion is similar to those
described above, a synthesizer tailored to making drum and percussion sounds. The sequencer
is used to capture and play back drum beats, triggering the associated sound generator. Some
sequencers are read-only, only playing back prerecorded rhythms -- remember the "cha-cha",
"tango" and "merengue" buttons on your grandparents' parlor organ? Most drum machines are
programmable, allowing the user to create their own rhythms, although the specific
programming interface varies widely. Of course, the pin joystick plug has disappeared, and
joysticks now connect via USB. These features may all be combined in a single application. A
modern sequencer might also host virtual instruments, be able to edit and organize patches, as
well as record and edit MIDI and digital audio. MIDI sometimes pops up on devices that aren't
strictly musical instruments. One common application is controlling stage lighting, although
large light systems are more commonly controlled via the DMX serial protocol. Musicians are
also a creative bunch of people. There are many examples of people building unique
instruments, enabled by the ubiquity of MIDI. This is a substantial document, which provides
in-depth descriptions of many aspects of the protocol. If you're casually experiementing with
MIDI, there are plenty of reference materials available online. However, if you're serious about
making MIDI instruments, this document is worth having. One of the design goals of MIDI was
that it needed to be relatively inexpensive. When MIDI was created, most electronic instruments
were already built around a microprocessor system, so MIDI was defined as a micro-to-micro
digital communication buss. Since electronic musical instruments already feature a number of
plugs and connections, MIDI specifies one that wasn't commonly in use at the time: the circular
5-pin DIN connector. A unique connector was selected so things couldn't be misconnected.
Note that the pins on the connector are numbered out of order -- it's as if two more pins were
added between the pins of a 3-pin connector. To help keep it straight, the numbers are
frequently embossed in the plastic of the connector. While the connectors have five pins, only
three of them are used. The top portion of the schematic is the MIDI input. It's the most
sophisticated part of the circuit, because it calls for an opto-isolator. The reference design
specifies the long obsolete Sharp PC; modern designs frequently use the 6N Opto-isolators are
an interesting component, frequently used in interface circuitry. They allow data to be
transmitted without forming an electrical connection. Internally, the incoming signal blinks an
LED. The light is picked up by a phototransistor, which converts the signal back into an
electronic signal. The LED and phototransistor are physically separated by a short distance. In
the photo below, the gap is filled with translucent plastic. We'll explain more about how the
optoisolator works below , but first we need a MIDI output to connect to it. The hardware is
relatively simple -- the UART transmit line simply runs to a pair of logic inverters. The pair of
inverters are an inexpensive way to increase the signal drive strength. Modern microcontrollers,
like the Atmel AVR, have much more robust pin circuitry. They are capable of lighting the LEDs
directly, but the buffer is still sensible. Because the connector goes to the outside world, it's
possible that it could be shorted, connected incorrectly, or experience an ESD event. The buffer
is a piece of inexpensive sacrificial circuitry, akin to a fuse, which can be replaced more easily
than the processor. At the center of the schematic, within the dashed line, is the MIDI thru port.
You'll notice that it's effectively a copy of the MIDI out port, but it's connected to the data line on
the MIDI input -- it transmits a copy of the incoming data, allowing multiple instruments to be
daisy-chained. We'll go into more detail about it's usage in the topologies section. Not every

MIDI device includes all of the ports. The implementation of the MIDI thru port is also subject to
interpretation. While the spec calls for the hardware implementation shown above, it isn't
always followed. Some instruments use a second UART to re-transmit bytes from the input. This
adds latency, which can cause timing problems in long daisy chains. It is a piece of digital
hardware that transports bytes between digital devices, commonly found as a peripheral on
computer and microcontroller systems. It is the device that underlies a serial port, and it is also
used by MIDI. The UART signals in the schematic above are at logic levels. When it is idle, it sits
at a logic high state. Each byte is prefaced with a start bit always zero , followed by 8 data bits,
then one stop bit always high. MIDI doesn't use parity bits. MIDI uses a clock rate of 31, bits per
second. To send an 8-bit byte, it needs to be bookended with start and stop bits, making ten bits
total. That means a byte takes about microseconds to send, and the maximum throughout on a
MIDI connection is 3, bytes per second. The average MIDI message is three bytes long, taking
roughly one millisecond to transmit. We'll go into much more detail about what the bytes mean
and how to interpret them in the next section. Before we move on to the messaging portion of
the protocol, let's analyze the circuit formed when an output is plugged into an input. Below we
see a simplified diagram, showing an output port connected to its corresponding input. At the
output, pin 4 is pulled high through a small resistor, and pin 5 is the buffered UART transmit
line. On the input, these lines are tied to the anode and cathode of the LED in the opto-isolator.
Since the UART output is high when not transmitting, both pins 4 and 5 will be at the same
voltage, no current flows through the LED, thus it is not illuminated. We should note here that
the LED is electrically a part of the transmitting circuit. Current flows out of the transmitter,
through the LED, and back to the transmitter, forming a current loop illustrated in blue, above.
There is no actual electrical connection between the transmitter and receiver, only the optical
path inside the optoisolator. This is useful in helping to avoid ground loops. As stated in earlier
sections, the overarching goal of MIDI was to allow different devices to communicate, speaking
a well-defined protocol. The protocol revolves around a stream of small messages. Most
messages are between one and four bytes long, although some can be longer, and some
information requires groups of messages. MIDI messages fall into several categories, such as
performance messages "the performer pressed the middle C key" , information about the
sounds being played "change from the piano sound to the organ sound" , and other musical
data, such as metronome or real-time clocks. MIDI uses those 8 data bits to the fullest extent!
Some bytes are further divided into nybbles , or 4-bit chunks. Each nybble is identified by its
position within the byte. When written in hexidecimal, each nybble is represented by a
character. The left hand character made up of the higher-value bits is known as the
most-significant nybble , and the right-hand character is known as the least-significant nybble.
Bytes of MIDI messages are divided into 2 major categories, based on the setting of the most
significant bit. If the first bit is high values between 0x80 and 0xff , it denotes a status byte.
Status bytes are the commands of the MIDI stream. If the first bit is low values between 0x00
and 0x7f , it is a data byte , indicating parameters that correspond to a previous status byte.
Because the MSB must be zero otherwise they'd become status bytes , the data is limited to
7-bits, or the range from 0 to 0x0 to 0x7f. Let's look at the status bytes. We'll start with a list,
then explore each in the following sections. The messages with the channel number in the
second nybble of the status byte are known as channel messages. Channels are often used to
separate individual instruments -- channel one could be a piano, two a bass, and so on. This
allows a single MIDI connection to carry information for multiple destinations simultaneously.
Each sound would be played by sending messages with the apprppriate value in the channel
nybble. The meaning of Note On and Off messages is reasonably obvious. When a key on a
keyboard is pressed, it sends a Note On message, and it sends a Note Off when the key is
released. On and Off messages are also sent by other types of controllers, such as drum pads,
and MIDI wind instruments. When a synthesizer receives a Note On, it starts generating sound;
the Note Off instructs it to stop. Velocity is most commonly measured using a pair of switches
under each key, which are slightly offset from each other. As the key is pressed, one switch
closes before the other. By measuring the time between the two switch closures, it can
determine how quickly the key was moving. Some instruments don't measure velocity, and
instead transmit a fixed value for that byte, such as 0x40 We said these are simple on the
surface, but there are a couple of tricky shortcuts that complicate the situation. In order to
transmit fewer bytes, and free up some bandwidth on the connection, MIDI uses a form of
shorthand. When the same status byte would be transmitted repeatedly, the protocol uses the
notion of Running Status , where only the first status byte is transmitted, and successive
messages simply transmit new data bytes. For example, three Note On messages would usually
be:. When a new status byte arrives, it replaces the previous running status. Since it is now two
Note On messages in a row, we can apply running status, remove the second command, and

save the transmission of one byte. When implicit note off is used, the implied Note Off doesn't
have a velocity value. While Note Off velocity is frequently not implemented, there are times that
it is an important element of a performance. In those situations, the instruments need to support
it, and it might need to be explicitly enabled, often in a configuration menu. Another useful
category is System Real Time messages. These messages are all one byte long. They're mostly
used to synchronize sequencers, acting as a high-resolution metromone. Because system real
time messages are one byte long, they have no data bytes, and are therefore not status bytes.
They can be transmitted without interrupting running status. While a key is being held down, the
player can press harder on the key. The controller measures this, and converts it into MIDI
messages. The first flavor is polyphonic aftertouch , where every key on the controller is
capable of sending its own independent pressure information. The messages are of the
following format:. Polyphonic aftertouch is an uncommon feature, usually found on premium
quality instruments, because every key requires a separate pressure sensor, plus the circuitry
to read them all. Much more commonly found is channel aftertouch. Instead of needing a
discrete sensor per key, it uses a single, larger sensor to measure pressure on all of the keys as
a group. The messages omit the key number, leaving a two-byte format. Many keyboards have a
wheel or lever towards the left of the keys for pitch bend control. This control is usually
spring-loaded, so it snaps back to the center of it's range when released. This allows for both
upward and downward bends. You'll notice that the bender data is actually 14 bits long,
transmitted as two 7-bit data bytes. This means that the recipient needs to reassemble those
bytes using binary manipulation. Because it defaults to the center of the range, the default value
for the bender is halfway through that range, at 0x In addition to pitch bend, MIDI has provisions
for a wider range of expressive controls, sometimes known as continuous controllers , often
abbreviated CC. These are transmitted by the remaining knobs and sliders on the keyboard
controller shown below. Each of the controllers in the picture above is configured to send a
different controller number. Typically, the wheel next to the bender sends controller number
one, assigned to modulation or vibrato depth. It is implemented by most instruments. The
remaining controller number assignments are another point of confusion. The MIDI
specification was revised in version 2. However, this implementation is not universal, and there
are ranges of unassigned controllers. On many modern MIDI devices, the controllers are
assignable. On the controller keyboard shown in the photos, the various controls can be
configured to transmit different controller numbers. The flip-side is also often true -- controller
numbers can be mapped to particular parameters. Virtual synthesizers frequently allow the user
to assign CCs to the on-screen controls. This is very flexible, but it might require configuration
on both ends of the link and completely bypasses the assignments in the standard. Most
synthesizers have patch storage memory, and can be told to change patches using the
following command:. This allows for sounds to be selected, but modern instruments contain
many more than patches. Controller 0 is used as an additional layer of addressing, interpreted
as a "bank select" command. Selecting a sound on such an instrument might involve two
messages: a bank select controller message, then a program change. The final status nybble is
a "catch all" for data that doesn't fit the other statuses. They all use the most significant nybble
of 0xF, with the least significant nybble indicating the specific category. We covered system
realtime messages in the previous section. The messages are denoted when the MSB of the
second nybble is 1. When that bit is a 0, the messages fall into two other subcategories. Most of
these are messages that include some additional data bytes. If you've been keeping track, you'll
notice there are two status bytes not yet defined: 0xf0 and 0xf7. These are used by the System
Exclusive message, often abbreviated at SysEx. There is a group of predefined messages for
complex data, like fine grained control of MIDI Time code machinery. SysEx is also used to send
manufacturer defined data, such as patches, or even firmware updates. The payload data must
follow the guidelines for MIDI data bytes -- the MSB must not be set, so only 7 bits per byte are
actually usable. If the MSB is set, it falls into three possible scenarios. If you're having trouble
with SysEx transfers when using such an interface, it might be useful to inspect the messages
on the bus with an application like MIDI Ox. With all of these different messages, MIDI has
become somewhat dialectic -- not every unit implements every message. A simple
controller-to-synthesizer link might only need to use note on and off messages, while an
on-stage pyrotechnic controller might completely ignore note messages, requiring time code,
and specific SysEx commands to arm the smokebombs and flashpots. To help the user
understand what messages a specific device uses, the manual often includes a table that
indicates what it can send and receive. The chart above shows a typical implementation chart
for an instrument. It tells us some notable things about the MIDI dialect spoken by this device:.
Now that we've looked at the types of devices that offer MIDI, and the messages they use, let's
look at some of the ways they can be deployed. The simplest connection topology is the daisy

chain, where one transmitter is connected to one or more receivers. It allows the player to use
the keys on the controller to play sounds from the module. The controller sends note-on,
note-off and controller messages, to be interpreted into sound by the module. The
communication path is unidirectional. If the module is multitimbral, it can be set to respond on
several MIDI channels, allowing the player to switch between sounds by changing the
transmission channel. We can add more downstream modules using the thru ports on the
interceding devices. Thru transmits a copy of the messages received by the in port. The drum
machine on the left will serve as the master clock, and the one on the right is set to receive
clock messages sometimes called clock slave or external sync mode. When the operator
presses "play" on the left machine, both machines will start playing. As the tempo of the left
machine is adjusted, both machines accelerate and decelerate together. Clocks may be
transmitted while stopped -- this allows tempo indicator LEDs to continue flashing at the correct
rate. The MIDI controller keyboard is connected to the computer, and the sound generators are
connected downstream from the computer. Adding a computer in the middle of the chain allows
a lot of power and flexibility. MIDI sequencer software allows the user to record performances
from the controller, play them back on the sound modules, and edit or arrange them into songs.
Sequencers usually have tracks , which allow multiple performances to be layered. The
construction of such a layered performance is known as overdubbing. While the sequencer is
recording, it receives note on and off messages from the controller. It stores them in memory,
simultaneously transmitting them to the sound modules, so the performer can hear what they
are playing. During playback, the MIDI controller is unused, and the computer plays the
recorded messages, again triggering the tone modules. Working with MIDI messages directly is
much easier if you have a strong grasp on using binary operators to manipulate bytes. You can
use bitwise AND and OR operations to mask off the status bit, and extract the channel nybble
value. Bitwise-shifts are useful to manipulate the bit bender data. The code snippets below were
written for Arduino. You'll notice that bytes are transmitted using the Serial. We're also using
the Arduino-defined byte data type, which is defined as an unsigned 8-bit value. This allows us
to properly access the status bit, whereas the char type is signed -- doing binary operations on
signed values sometimes leads to subtle errors in the manipulating the MSB. The software
examples below are intentionally incomplete, as we'll introduce a more complete and
user-friendly option below. Channel messages are a little more complex. To form the first byte,
you'd set the MS nybble to the status value, then subtract one from the channel, and put that
value in the channel nybble. Send the first byte, then follow it with the appropriate number of
data bytes. This snippet also includes running status -- the sender keeps track of the last status
byte sent in a global varible. Finally, sending system exclusive messages requires sending an
identifier and data payload that are both of variable length. It must begin and also end with the
proper status bytes. Receiving and parsing the incoming MIDI stream requires more
sophistication. While features like running status , implicit note off and active sense are
optional from the sender, the receiver needs to be prepared to deal with them. A simplified finite
state machine for parsing MIDI is shown below. You'll notice that all of the "receive bytes"
states are illustrated with a double-circle. This is shorthand for more sophisticated behavior. As
we discussed previously, system realtime bytes can occur at any point. We could be expecting
the velocity byte of a Note On message and get a clock byte instead. The clock is allowed to
non-disruptively interrupt the parsing. The details of the receive states are shown below. From
the perspective of the parsing FSM, system realtime bytes don't count as data or status bytes,
they just get handled as they arrive. The diagram shown above illustrates how to decode the
bytes in the MIDI stream, but it doesn't make any implication about how the receiver will
respond to them. The verb "handle" is intentionally vague, as each type of device might
respond differently. The FSM above is pretty complicated. Writing and debugging it means
developing a pretty serious piece of software. But there's an easier way. The library is flexible,
and it can be configured to fit different applications. It also has detailed documentation in
doxygen format. In the messages section, we discussed the MIDI implementation chart. If you're
implementing a MIDI device, you should consider writing your own chart, so you know what
messages to handle. Most devices won't implement every message, and for messages it does
implement, it may still choose to ignore some. For instance, a tone generator will handle note
on and off messages, but only those on its MIDI channel. For statuses that are not needed, you
can simply discard the messages. If you elect to discard messages, it's advisable that you still
handle the System Reset message 0xff - it's used as a "panic switch" in situations that you need
things to be silent, ASAP! In addition to the communication protocol, MIDI also specifies some
related technologies, with the goal of achieving greater intercompatibility. MIDI has been
extended several times, to clarify parts of the messaging protocol, and to help standardize
areas related to electronic musical instruments. While not an exhaustive list, we'll discuss a

couple of the common extensions below. As MIDI sequencers caught on, people wanted to be
able to move their song data between different sequencers. Each sequencer implemented a
proprietary file format -- some were able to import data from others, but it was far from
universal. The files use the SMF extension. SMF has been widely adopted, across many
operating systems. Media player programs can play them back, while full-fledged sequencers
can import, edit and export SMFs. Moving sequence data between platforms brings along a
related problem: the MIDI communication protocol does not specify how instruments interpret
patch changes, associate instruments with MIDI channels, nor implement multitimbrality.
General MIDI adds some standardization to those parameters, so that different instruments will
respond similarly. General MIDI defines a standard sound set -- a mapping of program change
commands to specific sound patches. On all MIDI channels except 10, Program 1 would always
be a grand piano patch, 2 a "bright piano", and so on. Channel 10 is reserved for drums, and the
mapping of drum sounds to the keyboard was also defined. General MIDI also specifies that a
supporting instrument need to simultaneously allow voices on all 16 channels, and provide at
least 24 voices of polyphony. Of course, even with the standardization, there will be some
variation between instruments. This was playable as an instrument in itself and also used by
video game soundtracks. MIDI was quite successful in solving the initial problem: synthesizers
from different manufacturers can communicate performance information. A performer can
connect MIDI instruments, and they respond similarly. Simply being able to do that was
revolutionary, and paved the way for widespread adoption of MIDI. It's popularity has been a
mixed blessing. As MIDI caught on, it's been revised and extended, gaining features far beyond
the initial intent. In hindsight, some of these features might be overly cumbersome or
anachronistic. MIDI is based on a digital representation of the piano keyboard, and it works well
for instruments that ordinarily feature a keyboard. Note on and off commands have an obvious
correspondence to actuating piano keys. How they relate to how other instruments is less
obvious. As one specific example, translating a guitar performance into MIDI data is particularly
tricky. Accurately converting the vibrations of a guitar string into MIDI note numbers is much
harder than simply noticing that a switch has closed. While there are commercial MIDI guitars
around, they're best approached as a unique instrument, not a simple replacement for a guitar.
The piano keyboard is also intrinsically linked to the tone western chromatic scale. How scales
from other cultures translate into MIDI is not always obvious. There are System Exclusive
messages that transmit alternate tuning information, but their implementation is uncommon.
MIDI was designed using digital technology that was inexpensive in the early 's. More than 30
years later, it's still being used. Computer networking has matured considerably during those
30 years. The links are unidirectional, there is no provision for data integrity checking, such as a
checksum or CRC, and addresses channels must be manually configured. The 31,
bits-per-second links are also comparatively slow. The flip side of this coin is that that MIDI is
easy to implement on a modest microcontroller system. Serial port peripherals are found on
many MCUs. The low data rate means that it's hard to overwhelm a receiver with too much data.
Since the messages are small, storing them doesn't require much memory. Within the
messages, there are many places where the underlying data formats are also constrained. With
four bits of channel data, a MIDI buss supports a maximum of 16 channels. The usual
workaround for this is to run more than one buss. Many of the values sent by MIDI are
constrained: key numbers, continuous controllers, and aftertouch values are all 7-bits long,
allowing a range from 0 to , which can be too coarse for some parameter values. In examining
the output of one commercial keyboard controller, the bender was actually only sending seven
bits of data, left justified in the bits of the bender messages. Moving the wheel slowly results in
audible stairstepping. The path MIDI is on has forked. The first branch keeps the message
format of MIDI but transports them with newer technologies. The other branch opts to invent
technologies that address the bottlenecks we explored in the last section. Below, we'll touch on
some of the more prevalent technologies from both branches. USB was intended to replace the
confusing array of ports on the back of older PCs. At one time, each peripheral attached to a PC
used different connectors; the keyboard, mouse, modem, printer and joystick all had unique
plugs. USB was designed as a single hot-swappable connector that could serve all of those
functions. USB became commonplace in the early 's. It was a similar to USB, but targeted at
higher bandwidth multimedia applications. As a multimedia-oriented interface, MIDI was a
natural fit. The MIDI messaging is essentially unchanged. This allows for backwards
compatibility, but does nothing to address the shortcomings of MIDI. USB is used widely, and
continues to evolve. In the USB 2. Apple was the driving force behind Firewire, but they have
more recently switched to the Thunderbolt and Lightning interfaces. As a result, Firewire is
declining in populatiry. The page can discover MIDI ports, then use them as inputs and outputs.
Once the user selects a port, the synthesizer is playable from an attached MIDI controller. If you

want to try it for yourself, click here. The author, Chris Wilson, hosts the source in his GitHub
repositories. Growing on the ideas that lead to GM, Soundfonts are files that allow for the
interchange of sound data between synthesizers. Rather than just using a number to request a
type of sound, the sample data and related parameters are all sent together, making the sound
itself transportable. Some vendors adapted MIDI to control stage lights, but it's a secondary use
of the protocol. MIDI has no intrinsic messages or structures to represent lighting-related
information, and the defined maximum cable length of 50 feet is too short for large lighting rigs.
DMX was specified in as a lighting control protocol. Like MIDI, it uses a unidirectional
daisy-chain of devices. It also uses a very different address scheme, supporting up to devices
on a single bus. The messaging protocol on the chain is actually much simpler than MIDI. The
controller bursts out a stream of bytes, up to bytes long. Each device on the bus has a
configured address, and the address instructs which byte in the burst is meant for it. A simple
light fixture might receive a single byte controlling brightness, while a motorized fixture might
receive many bytes, to control panning, color, brightness, cucoloris selection, and other effects.
Over the years, there have been many attempts to unseat MIDI. A number of new protocols have
been proposed, but most didn't catch on. Compared to MIDI, it works at a very high level and
leverages modern networking and data-structure practices. The data structures are hierarchical
and open-ended. SYN is a proposed common dialect to be used between controllers and
synthesizers. If you're interested in building your own MIDI system, we have some products to
help you get started. Need Help? Mountain Time: Shopping Cart 0 items. Product Menu. Today's
Deals Forum Desktop Site. All Categories. Development Single Board Comp. Contributors:
Byron J. Introduction Perhaps you've seen the plug on the back of something. History To lend
some context to MIDI, it helps to look at what came before, and understand the problem it was
intended to solve. Proprietary Analog Systems The earliest commercial synthesizers were large
analog systems, made up of individual modules that got plugged together to configure the
sound. Physical Implementation Since electronic musical instruments already feature a number
of plugs and connections, MIDI specifies one that wasn't commonly in use at the time: the
circular 5-pin DIN connector. Note: If you're looking for a 5-pin DIN cable with all five pins
connected, you don't want a regular MIDI cable, as there's no guarantee that all of the pins are
connected. You need a 5-Pin DIN cable. Messages As stated in earlier sections, the overarching
goal of MIDI was to allow different devices to communicate, speaking a well-defined protocol. A
quick word about written numbers: In the following sections, we'll be using both decimal and
hexadecimal notation to represent numbers. If you're new to hexadecimal, you can learn more
about it in this tutorial. Channel numbering leads to some confusion. With 4 bits, there are 16
possible binary values, 0 through 15 0x0 through 0xF. Since most people start counting at one
rather than zero, MIDI devices commonly but not always internally add an offset of one to the
binary value, resulting in the range 1 to If you're having trouble getting a system to
communicate, you might try adjusting channels up or down by one. If that seems daunting, feel
free to skip ahead to the next section , and refer back to this page when you're ready. Some
analog synthesizers had an automatic tuning operation that could be initiated with this
command. Topologies Now that we've looked at the types of devices that offer MIDI, and the
messages they use, let's look at some of the ways they can be deployed. Case 1: Daisy Chain
The simplest connection topology is the daisy chain, where one transmitter is connected to one
or more receivers. System Realtime messages are the easiest to send, just feed the byte to the
output. General MIDI Moving sequence data between platforms brings along a related problem:
the MIDI communication protocol does not specify how instruments interpret patch changes,
associate instruments with MIDI channels, nor implement multitimbrality. Shortcomings MIDI
was quite successful in solving the initial problem: synthesizers from different manufacturers
can communicate performance information. Let's examine a couple of the more common
complaints. The Piano Keyboard MIDI is based on a digital representation of the piano
keyboard, and it works well for instruments that ordinarily feature a keyboard. Digital limitations
MIDI was designed using digital technology that was inexpensive in the early 's. MIDI just didn't
leave itself much room to grow. These adapted protocols ultimately met quite different fates.
The hookup guide for the shield has several example sketches. If the shield is overkill, we've
also got the raw MIDI connector. It's user friendly and very configurable. Some ponderings on
the finite state machine. Favorited Favorite 1. Comments 0 View Paginated Print. Your Account
Log In Register. Timing Clock 0xF8 These messages represent metronimic timing, transmitted
at a rate of 24 per quarter note. The actual rate is dependent on the tempo of the song. A
transmitter sends them every milliseconds. If the messages stop flowing, the recipient times
out, and cleans up by stopping sequences and turning off notes that would otherwise be stuck
on. System Reset 0xFF A "panic switch" that instructs to receiver to reset to power-up
condition. Aftertouch comes in two flavors, with two different status messages. The messages

are of the following format: 0xnc, 0xkk, 0xpp n is the status 0xA c is the channel nybble kk is the
key number 0 to pp is the pressure value 0 to Polyphonic aftertouch is an uncommon feature,
usually found on premium quality instruments, because every key requires a separate pressure
sensor, plus the circuitry to read them all. The messages omit the key number, leaving a
two-byte format 0xnc, 0xpp n is the status 0xD c is the channel number pp is the pressure value
0 to Pitch Bend 0xE0 Many keyboards have a wheel or lever towards the left of the keys for pitch
bend control. The wheel sends pitch bend messages, of the format 0xnc, 0xLL, 0xMM n is the
status 0xE c is the channel number LL is the 7 least-significant bits of the value MM is the 7
most-significant bits of the value You'll notice that the bender data is actually 14 bits long,
transmitted as two 7-bit data bytes. Control Change 0xB0 In addition to pitch bend, MIDI has
provisions for a wider range of expressive controls, sometimes known as continuous
controllers , often abbreviated CC. These controls send the following message format: 0xnc,
0xcc, 0xvv n is the status 0xB c is the MIDI channel cc is the controller number vv is the
controller value Each of the controllers in the picture above is configured to send a different
controller number. Program Change 0xC0 Most synthesizers have patch storage memory, and
can be told to change patches using the following command: 0xnc, 0xpp n is the status 0xc c is
the channel pp is the patch number This allows for sounds to be selected, but modern
instruments contain many more than patches. System Messages 0xF0 The final status nybble is
a "catch all" for data that doesn't fit the other statuses. System Common Messages. Experience
the true sound of your mix with the astonishing performance and versatility of the B. This is a
nearfield monitor that can provide truthfulness and energy in equal measures. Fifty-eight music
press magazine from all over the globe cast their vote to make Genelec winner of the category.
The Series of near-field, two-way systems took two years to develop. It features a new approach
to enclosure design, driver technology and active electronics to further reduce distortion and
provide an outstanding performance. The free field frequency response is 45Hz to 21kHz. Peak
SPL per pair is dB driven by a pair of 90 watt amplifiers. The largest model the A features an 8
inch bass driver and 1inch tweeter. The free field frequency response is 35Hz to 21 kHz. Peak
SPL is dB and bass and treble amplification is and watts respectively. Low cutoff -6dB 41 Hz.
High cutoff -6dB 21 kHz. Height mm. Height with Iso-Pod mm. Width mm. Depth mm. Enclosure
material Die cast aluminium. Enclosure type Reflex port. Driver type Cone. Magnetically
shielded. Diameter mm. Driver type Metal dome. Diameter 19 mm. Full output W. Audio
electronic crossovers allow to split the audio signal into separate frequency bands that can be
separately routed to individual power amplifiers which then are connected to specific
transducers optimized for a particular frequency band. Active crossovers come in both digital
and analogue varieties. Genelec digital active crossovers include additional signal processing,
such as driver protection, delay, and equalization. Genelec analogue active crossover filters
contain electronic components that are operated at low signal levels suitable for power
amplifier inputs. This is in contrast to passive crossovers that operate at the high signal levels
of the power amplifier's outputs, having to handle high currents and in some cases high
voltages. In a typical 2-way system the active crossover needs two power amplifiers â€” one for
the woofer and one for the tweeter. Using the active approach enables frequency response
adjustments and optimization of the full loudspeaker system, placed in various room
environments, without expensive external equalizers. The end result is a simpler, more reliable,
efficient, consistent and precise active loudspeaker system. The Genelec DCW technology
developed and refined over more than 30 years greatly improves the performance of direct
radiating multi-way monitors. The DCW technology shapes the emitted wavefront in a controlled
way, allowing predictable tailoring of the directivity dispersion pattern. To make the directivity
uniform and smooth, the goal is to limit the radiation angle so that the stray radiation is
reduced. It results in excellent flatness of the overall frequency response as well as uniform
power response. This advanced DCW technology minimizes early reflections and provides a
wide and controlled listening area achieving accurate sound reproduction on- and off-axis.
Minimized early reflections and controlled, constant directivity have another important
advantage: the frequency balance of the room reverberation field is essentially the same as the
direct field from the monitors. As a consequence, the monitoring system's performance is less
dependent on room acoustic characteristics. Sound image width and depth, critical components
in any listening environment, are important not only for on-axis listening, but also off-axis. This
accommodates not only the engineer doing his or her job, but also others in the listening field,
as is so often the case in large control rooms. If the ISS circuit does not find any audio on the
input for a period of time, it sets the loudspeaker to a low-power sleep state and the
loudspeaker will consume less than 0. When an input signal is detected, the loudspeaker
immediately turns itself on. Basically, the loudspeaker system will start saving power as soon
as work is interrupted. In this mode, the monitor is only powered on and off using the mains

power switch. Although it is advisable to use sturdy and stable floor stands together with
free-standing loudspeakers, a very common solution is to place loudspeakers directly on a table
or on a console meter bridge. This causes several detrimental side effects. Aiming of the
loudspeaker axis towards the listener is rarely implemented, also, unwanted mechanical
vibration do propagate from the loudspeaker to the mounting surface, and first order reflection
on the work surface causes comb filtering and hence ripples in the frequency response. To
solve these very common problems Genelec developed an efficient and very practical solution.
It has four shallow feet and it is made from special lossy rubber-like material. The vibration
isolation and damping properties reduce midrange coloration caused by unwanted vibration
transmitted to supporting surfaces. This innovative solution is an integral part of Genelec
loudspeaker design and provides clear benefits in usability and sound quality. A common
problem with standard free-standing loudspeakers is that the front baffle discontinuities cause
diffractions and the loudspeaker sharp corners act as secondary sources through reflections. In
order to improve the flatness of the frequency response and the power response of free
standing loudspeaker systems, Genelec have designed a highly innovative enclosure optimized
to match the properties of the monitor drivers, featuring rounded edges, and gently curved front
and sides. In addition to achieving an unsurpassed flatness of the frequency response, the
enclosure having minimum diffractions yields superb sound stage imaging qualities. To achieve
such a smooth and elegantly curved cabinet surface and to reduce the outer dimensions of the
enclosure, maximising at the same time the internal volume for improved low frequency
efficiency, we designed a cabinet made off die-cast aluminium. The cabinet walls can be made
fairly thin, providing at the same time good EMC shielding and excellent heat sink for the power
amplifiers. Die-casting is made in two parts, front and rear, and they are easy to separate for
potential servicing needs. Basically, the low frequency limit for constant directivity is
determined by the size of the waveguide, so the larger the surface the better the control. With a
very controlled off-axis radiation, the listening window becomes consistent, which is of utmost
importance with multi-channel audio monitoring. Controlled directivity also reduces possible
first order reflections on surfaces near the loudspeaker, helping to provide consistent audio
reproduction in different acoustical environments. In fact, the entire front baffle is gently curved
and the acoustically transparent grilles are part of the outer cabinet aesthetics, blending
perfectly with the various other curved surfaces. In a typical 2-way loudspeaker system, the
active crossover needs two power amplifiers â€” one for the woofer and one for the tweeter.
Each driver-specific power amplifier has only a limited frequency range to amplify the power
amplifier is placed after the active crossover and this adds to the ease of design. When working
in critical audio production environments it is essential that monitoring systems remain reliable
and functional at all times. The protection circuitry prevents driver failures by detecting signal
levels, and in case of sudden peaks or constantly too high levels, taking the signal level down
automatically. Of course this feature does not affect the sound quality in any way when working
within the specifications of the loudspeaker, but only prevents inadequate input signals from
breaking the loudspeaker. Both driver and vent contribute to the total radiation of a reflex
enclosure. Most radiation comes from the driver, but at the vent-enclosure resonant frequency
the driver displacement amplitude is small and most of the radiation comes out of the vent. To
minimize the air speed in the tube, the cross sectional area of the vent should be large. This in
turn means that the vent tube has to be long which presents quite a design challenge. The long,
curved tube maximizes airflow so deep bass can be reproduced without compression. The
reflex tube terminates with a wide flare located on the rear of the enclosure for obvious reasons,
minimizing port noises and providing excellent bass articulation. The curvature of the tube has
also been carefully designed to minimize any audible noise, compression or distortion. The
inner end of the tube has proper resistive termination to minimize once again audible chuffing
noise and air turbulence. The interaction between room acoustic and loudspeaker radiation is
complex. All Genelec loudspeaker systems feature room response adjustments to compensate
for the room influences and retrieve a flat frequency response at the listening position. Genelec
analogue loudspeaker systems provide versatile Room Response Controls. They include
depending on models :. At low frequencies two main controls are provided. The Bass Tilt
control, which acts as a shelving filter together with the Bass Roll-off control allowing you to
optimize the low and very low frequency response of the system in different installations. Bass,
midrange and treble level controls are provided in large systems. These controls allow to
optimize the relative balance between the various pass bands. The operating manual and
datasheet of each loudspeaker contains a list of preferred room response control settings for
different installations. These have been specified out of long practical experience and
measurements of various kind of typical acoustic environments. The system measures the
response in the listening area and applies relevant compensation in the low and low-mid

frequencies to minimise the detrimental room acoustic anomalies as well as the differences
between various listening positions. AutoCal also aligns relative levels, time-of-flight, as well as
adjusts correct crossover phase called AutoPhase for all subwoofers on the network. The
Acoustic Response Editor provides accurate graphical display of the measured response, filter
compensation and the resulting system response for each monitor, with full manual control of
acoustic settings. Our wide range of accessories and fixed mounting points on the back of our
aluminium enclosure products offer solutions to all common installation situations. M6 support
points have been integrated in the die-cast enclosure for wall and ceiling mounts. Other larger
and heavier models feature M10 fixing points. Special floor stand plates have been designed in
order to fit the Iso-Pod stand that is part of our product design. With these features our
loudspeakers have found their way to a variety of applications beyond the professional audio
and studio world, for example in commercial and AV installation projects as well as in home
environments all around the world. Music and sound design house Pressure Cooker in Cape
Town have standardised on Genelec throughout their new facility. A hired team overtakes a
building to transform the environment into a working, collaborative musical jungle. Pressure
Cooker Studios , a respected music and sound design house specialising in music production
for film, television and advertisements, has recently moved into their new purpose-built studio
facility in the centre of Cape Town, designed by world-renowned studio designer Martin
Pilchner of Pilchner Schoustal International Inc. Genelec is at the heart of this new facility, with
its local distributor, TruFi, supplying monitors for all of its recording studio spaces. From
humble beginnings in the basement of a house 10 years ago to a square metre studio space, the
new facility is exactly how the Pressure Cooker team had envisioned it from the outset, and
features two main control rooms which sandwich a main studio proper, a 7. But the GLM system
is invaluable in the setup. Pressure Cooker has been using Genelec stereo and surround sound
monitoring systems since the company was founded, and this trend continues in the new
facility. The sound produced is so clean, natural and unadulterated â€” nothing colours it, and I
just love that. Each room in the new facility has utilised Genelec monitors in one way or
another; Matthes has a pair of nearfields in his writing room, there are three A three-ways
fulfilling the LCR role behind the screen in the 7. The Red Bull Music Academy is a
world-traveling music creation adventure that occurs once a year in early fall at various large
city locations around the world. Last year the academy took place in Paris and the year before,
Tokyo. This year, for their 19th season, they chose Montreal, Canada. There are roughly
applications taken from around the world and from that 70 are selected. The 70 participants are
broken up into 2 x 35 person groups. One group attends for 2 weeks. The Academy then shuts
down for a week and the 2nd group shows up. Mostly the participants are young, 18 to 26, being
represented from every continent except Antarctica. Participants pay nothing to attend except
for their air fare to and from the city where the Academy is placed. Red Bull, the brand, is
associated with a life-style drink mostly made from water, sugar, caffeine and selected
flavorings. To learn more about the Red Bull Music Academy and how you can enroll visit
redbullmusicacademy. For the drama TV series "Harlots" , Rael worked with his trusted Genelec
monitors; in fact, he uses them on every single project he undertakes. Also, they are entirely
transparent, and you feel little to fatigue even after using them for hours on end. Read the full
Headliner Magazine's article here. Genelec products use various damping materials such as
glass fiber wool, linen fiber wool, and polyester fiber based material PES. The tables presented
below provide a detailed listing of our monitor models and the type of damping material used in
each model. During operation, the air moving in and out of the monitor loudspeaker or
subwoofer bass reflex openings does not emit significant amounts of fiber particle dust. The
PES wool as material does not emit dust. The linen wool, and glass fiber wool can emit
minimum amounts of dust during very high sound level operation. This fiber dust is not
hazardous to health. Input sensitivity can be controlled with a combination of a rotary controller
and level range switches on the products. The nominal analogue input sensitivity in Genelec
studio monitors is -6 dBu which produces dB SPL audio output at 1 meter in an anechoic room.
The nominal digital input sensitivity is set so that a 0 dB FS digital input produces a theoretical
dB SPL sound level at 1 meter in an anechoic room. This is a very broad subject area covering
room geometry, reverberation time, sound reflection and refraction, material properties, etc.
However, we built a brief checklist to cover the most important features that a listening room
should have. Once the room has been acoustically treated the studio monitors can be installed.
Placing monitors on the meter bridge can cause the mixing desk to vibrate. This can affect the
sound quality. However, a better mounting method is to place the monitors on stands behind
the mixing desk sufficiently high, so that the bass driver is not obscured. Mounting monitors
vertically increases the distance and angle of the off-axis reflection from the console surface.
This reduces sound coloration caused by the desk reflection, usually between 1â€”2 kHz.

Monitor positioned horizontally on the meter bridge of a large mixing desk red line shows comb
filtering at 1 kHz and extends up to 7 kHz. The monitor was re-measured in vertical orientation
green line. The frequency response is flatter. Positioning monitors horizontally causes a notch
at the crossover when moving to the side. Positioning the monitor vertically removes this
problem. Genelec monitors are calibrated flat in anechoic free field conditions. When the
monitor is placed in a room close to walls or other boundaries, the low frequency output of the
monitor increases. To achieve a flat low frequency response an adjustment of typically -4 dB on
the bass tilt control is used. Genelec also provides a bass roll-off control to compensate for any
remaining excessive LF energy around the low cut-off frequency. Differences in room
reverberation time and listening distance can lead to changes being required in the treble
region so treble tilt is fitted to most of the models in the Genelec range. In three-way monitors
and large main systems there are additional driver controls for the bass level , mid level and
treble level which enable very fine adjustment of the frequency response so that the monitors
can be placed in many different listening environments, whilst still achieving a consistent and
neutral sound reproduction. The main benefit of a reflex port in an enclosure is that it enables
the loudspeaker to produce low frequencies at a very low distortion level, close to the
frequencies where the bass reflex has been tuned. This enables very linear low frequency
reproduction systems to be designed. The bass reflex port allows air to move in and out. The
reflex is effective if the energy losses of this air movement remain small. Because of this reason
the reflex port is designed so that the speed of the air moving in the reflex port remains fairly
small while the port is in resonance. The direction where the bass reflex port is facing does not
greatly influence the work of the bass reflex. While it is in resonance the reflex port generates
low frequency sound. This sound sums with the low frequency sound output from the woofer at
other frequencies. The distance and location of the bass reflex port is designed so that this
summation works correctly. If the reflex port is not sufficiently large, the air motion in the port
can become turbulent non-linear. This will dramatically increase air flow losses in the reflex
port. The higher flow losses can cause the bass reflex to stops working. This will change the
low frequency characteristics of the loudspeaker. In Genelec designs we take care to dimension
the reflex port to have sufficient capacity to support the system up to the maximum sound level
output. Our reflex port design also minimizes the audibility of air flow in the port. That's
because the port opening is faced away from the listener. When the air flow in the port
generates noise, this noise is typically 10â€¦20 times higher in frequency than the port tuning
frequency. The flow noise is therefore rather directional, and by having the port opening in the
back, this noise is well attenuated compared to having a port in the front and directing such
noises towards the listener. In several Genelec products the bass reflex port opening is behind
the enclosure. When you push the loudspeaker close to a wall, a small gap to the wall is needed
to enable the bass reflex to work at full capacity. Our experiences show that a distance of twice
2x the port diameter from the wall to the enclosure back is a very safe distance. There are many
ways to control the volume of Genelec analogue speakers. Some of the ways we recommend
are listed below. Yes and No. Do not connect the monitors directly to a power amplifier output,
as the monitor's input stage will be damaged. Use the simple attenuator design shown below.
Be sure to make all of the connections shown to minimize noise interference. The 2-core
method is preferred over the 1-core method as it gives increased noise immunity and less
signal distortion. It is important that all of the connections are made otherwise there could be a
loss of input signal level e. XLR pin 3 left floating or induced hum e. Use the wiring diagram
shown below. It is important that all of the connections are made, otherwise there could be a
loss of input signal level e. It is important that all connections are balanced. A typical line output
can drive up to 10 Genelec monitors and subwoofers. However, this must be checked
case-by-case. In three-way monitors and large main systems there are additional driver controls
for the bass level, mid-level and treble level which enable very fine adjustment of the frequency
response so that the monitors can be placed in many different listening environments, whilst
still achieving a consistent and neutral sound reproduction. The best way to set the room
response controls of a Genelec monitor is by taking an acoustical measurement at the listening
location, using a measurement system for those products that offer local controls DIP switches
on the monitor or subwoofer, or by using GLM AutoCal for the SAM Smart Active Monitoring
products. Active Crossovers. SPL dB. Frequency Response 41 Hz - 21 kHz -6dB. Delivery time 1
week. Search Dealer. Package contains:. Genelec series studio monitors The Series of
near-field, two-way systems took two years to develop. Technical Specifications. Frequency
Response 41 Hz - 21 kHz "-6 dB". Weight 9. Open all details. Weight Weight 9. Enclosure
Enclosure material Die cast aluminium. Treble Driver type Metal dome Magnetically shielded
Diameter 19 mm. Directivity Horizontal directivity. Amplifier Section. Signal processing section.
For even more technical details please see product operating manual. Compatible accessories.

Key Technologies. Optimized Amplifiers. Protection Circuitry. Reflex Port Design. Room
Response Compensation. Versatile Mountings. Active crossover operating at low signal levels.
The active crossover design offers multiple benefits: The frequency response becomes
independent of any dynamic changes in the driver's electrical characteristics or the drive level.
There is an increased flexibility and precision to adjust and fine tune each output frequency
response for the specific drivers used. Each driver has its own signal processing and power
amplifier. This isolates each driver from the drive signals handled by the other drivers, reducing
inter-modulation distortion and overdriving problems. The ability to compensate for sensitivity
variations between drivers. The flat frequency response of a high-quality active loudspeaker is a
result of the combined effect of the crossover filter response, power amplifier responses and
driver responses in a loudspeaker enclosure. Note that the mains power switch will always turn
the monitor off completely. Each transducer is driven by its own optimized amplifier. This may
improve the transient response of the system. There is a reduction in the power amplifier output
requirement. This can reduce costs and increase audio quality and system reliability. No loss
between amplifier and driver units results in maximum acoustic efficiency Active technology
can achieve superior sound output vs. Sophisticated drive unit protection circuitry for safe
operation. Protection circuitry features and benefits: Reduces the output level when required, e.
Advanced reflex port design for extended low frequency response. Precise room response
compensation for optimizing in-room performance. Versatile mounting options for all
installation needs. Related products. Pressure Cooker builds up steam with Genelec Music and
sound design house Pressure Cooker in Cape Town have standardised on Genelec throughout
their new facility. Read Full Story. Pressure Cooker builds up steam with Genelec. Rael Jones:
Scoring Harlots. Find Your Dealer. Type in your city to find your nearest Genelec dealer Locate
me. FAQ What types of damping materials are used inside Genelec monitor and subwoofer
products? Are the materials safe to use? Damping Materials Used in Our Monitors Genelec
products use various damping materials such as glass fiber wool, linen fiber wool, and
polyester fiber based material PES. How does the input sensitivity work on Genelec speakers?
How do I acoustically treat my room so that I get the best from my studio monitors? Acoustic
treatment This is a very broad subject area covering room geometry, reverberation time, sound
reflection and refraction, material properties, etc. A Brief Checklist for Listening Room Setup
Ensure that the reverberation time is low and approximately constant with frequency. Primary
sources of reflection should be treated, so that reflected levels are at least 10 dB down from the
direct sound pressure level at least during the first 15 ms after the arrival of the direct sound at
the listening location. The front wall should be hard and smooth if monitors are flush-mounted.
The front wall can be absorptive if monitors are free-standing. Setting Up Studio Monitors
Position the monitors according to the standard orientations angles from the listening position.
Position monitors at equal physical distance from the listening position, or use GLM AutoCal to
electronically compensate for differences in monitor distances. Position the monitors so that
there are no cancellation effects from the side walls and the wall behind the monitor. Turn the
monitors towards the listening position horizontally and vertically. Small studio monitors are
often placed either horizontally or vertically on the mixing console meter-bridge. Which
orientation is better? Horizontal or vertical orientation? Mounting monitors vertically increases
the distance and angle of the off-axis reflection from the console surface Monitor positioned
horizontally on the meter bridge of a large mixing desk red line shows comb filtering at 1 kHz
and extends up to 7 kHz. How can I set the room response calibration controls? Setting the
room response calibration controls Genelec monitors are calibrated flat in anechoic free field
conditions. How does a rear reflex port opening work? What are the benefits of such design?
The key benefits of a reflex port opening in the rear of the cabinet The main benefit of a reflex
port in an enclosure is that it enables the loudspeaker to produce low frequencies at a very low
distortion level, close to the frequencies where the bass reflex has been tuned. Summarizing the
key benefits It allows to have a maximized waveguide DCW area on the enclosure front It
minimizes acoustic diffraction as the front of the enclosure has no holes, vents or slots. This is
especially significant near the tweeter. The port opening, or flare, can be significantly larger,
ensuring laminar flow up to high sound level outputs, high linearity and low system distortion at
woofer frequencies. It minimizes the audibi
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lity of air flow in the port. Tips for a proper studio monitor placement In several Genelec
products the bass reflex port opening is behind the enclosure. How do I control the volume of
Genelec analogue speakers? How to Control the Volume There are many ways to control the

volume of Genelec analogue speakers. Audio work station monitor outputs. Power amplifier
output with a passive resistive level attenuator. I have no preamp outputs on my equipment.
Can I connect my monitors to the speaker outputs of my power amplifier? Do not use this
method on bridged amplifier designs as your amplifier may be damaged. Speaker wires should
be used between the amplifier and the attenuator. Screened shielded wires should be used from
the attenuator to the monitor input. One attenuator is required per monitor channel. How do I
connect my monitors? How do I connect more than one monitor to a single output? Setting Up
Your Speakers. Related Applications. Music Studio. Audio and Music Education. See Also.

