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I’ve reviewed a lot of computer audio interfaces over the past couple of years.
One reason, I supposed, is that they’re easy to handle so it’s not difficult to
arrange for a review unit. Another is that there are so many of them, and they’re
all a little different in what else they do, if anything, in addition to getting audio in
and out of a computer. Before getting into the details of the Focusrite Forte, let’s
step back and look at where we are and how we got there.
In the early days before the term Digital Audio Workstation (DAW) was coined,
computers equipped to record and play audio had a “sound card” either installed
in an accessory slot on the motherboard (from which came that moniker, which is
still in common, though greatly expanded, use today) or integrated into the
design of the computer motherboard. An industry grew out of the desire for
higher audio quality than the home computer marketplace offered. Along came
higher quality internal sound cards to replace what came with the computer, soon
followed by designs which used a host card in a motherboard expansion slot to
connect an outboard box containing the audio hardware and I/O connections.
Rapid drops in cost fueled the demand for more high quality computer audio
interfaces, a demand that extended to users who weren’t comfortable opening up
their computer to install new hardware. This market surge brought us plug-andplay interfaces that connected to the computer through a USB port.
The maximum data throughput speed of the USB 1.1 interface forced
conservative designers to limit the early USB audio interfaces to two channels in
and out. TASCAM broke that speed barrier, pushing the limits of the USB
transfer rate with their US-428, a truly innovative and unique (for the time) audio
interface that could simultaneously record four channels while playing back two
channels. When more channels were needed, it was back to the host card until
Firewire emerged as a viable means of data transport. USB 2.0 offers a data
transfer rate that is actually a bit faster than Firewire 400, but it was initially slow
to be adopted for audio, probably due to an uncertainty of where the market was
headed. Edirol (a Roland division, now under the Cakewalk brand) was first to
come up with a two-channel, and later four- and eight-channel USB 2.0 audio
interfaces, but the bar seemed to hang at eight channels for quite some time.
Meanwhile, 2- and 4-channel USB 2.0 interfaces were entering the market with
seemingly a new one every couple of months.
I’m doing the final edit of this review just after returning from the NAB show
where RME announced the first computer audio interface that takes full
advantage of the current USB 3 standard. That’s where the near future lies.

But another thing was happening during this period. While the old built-in sound
cards had a mic input, it wasn’t something you’d want to use for even hobbyist
studio recording once decent mics became affordable. People were still using
mixers for their mic inputs, routing, and controls for record gain and playback
volume. New users came along and asked, “Why do I need a mixer?” and soon
found out when they discovered that they needed adapters or external preamps
for their mics, they had to switch cables around, and fiddle with the computer to
adjust the listening volume. While early adopters struggled with their no-console
studios for a while, the industry was moving rapidly to fulfill their needs.
So what must today’s computer audio interface need in order to satisfy today’s
users? There will always be those who need an interface with nothing more than
line level inputs and outputs, either because they already own or have a
preference for outboard preamps or perhaps they don’t use mics at all. For the
rest of us, however, a decent quality mic input or two (or more) with XLR
connectors, phantom power, and a gain (record level) control is a feature of
practically every contemporary audio interface. So is a playback volume control.
But in addition, we have such features as multiple outputs, for example one for
headphones and one for monitor speakers, each with its own volume control.
There’s low (or truly no) latency monitoring to allow a player to hear himself in the
headphones without the delay (latency) of the audio routed through the
computer. Virtual instruments have brought back the need for a MIDI interface to
connect a keyboard controller. We have audio interfaces that are practically
indistinguishable from mixing consoles, though those are usually called (and
rightfully so) consoles with computer I/O.
There’s also the form factor – does it go on a table or in a rack? Will it be carried
to band rehearsals or gigs along with a laptop computer or maybe an iPad? So
nowadays there are a lot of things that a DAW audio interface can be called upon
to do besides move audio in and out, and it’s up to the buyer to decide what
features he needs and choose appropriately. So let’s see where the Forte fits into
this sea of possibilities.

Fist Impressions and Physical
Description
The Forte looks and feels great. I
can’t help but think that the
designers had the Apogee Duet or
RME Babyface in mind when they
chose the compact tabletop form
factor. The case is mostly
aluminum so it doesn’t have that
“plastic” feel. The large press-androtate control knob has a

comfortable chamfered edge and there’s a bit of damping that, when turning it,
makes you feel like you’re operating a real control.
One thing that sets the Forte apart
from the pack right off is the clear
and bright multi-color OLED display
behind a touch-sensitive panel. I’ll
cover its functions in depth later on,
but I find it comforting to see the
meters moving when I expect
something to be happening. Touch
one of the four icons below the display and it illuminates red to indicate what the
knob is currently controlling, in this case the speaker (line) output volume.
Tapping the icon at the far right accesses one of the Forte’s coolest features,
DAW control. It’s not all things to all DAWs, and you only get two functions, one
by pressing the knob, the other by rotating it, but I found it useful to start and stop
playback and to quickly scroll through a track.
With exception of the ¼” headphone jack (you’ll need an adapter if you have
‘phones with a mini plug), all connections are on the rear edge. There’s a “squid”
for the inputs which breaks out to two mic input XLRs and two ¼” jacks which
can be individually switched for either line level or high impedance instrument
(DI) input. I’m not a big fan of these breakout cables unless they’re long enough
to get the connectors out of the way and
off the cluttered desktop. This one has
just one foot of cable between the
chassis and I/O connectors, so I always
found it in the way. One nice feature is
the the use of, a solidly locking
DisplayPort connector on the chassis
end of the squid. I’m not a video guy, so
this is the first one I’ve seen (I had to look it up).
The other rear panel connectors are a full sized USB Type B socket (a cable is
supplied), a pair of ¼” TRS jacks for the line/speaker outputs, and a coaxial jack
for the included external wall wart power supply. The Forte can be powered from
the USB port, but phantom power and full line output level are available only
when using the external power supply.
Dimensions without cables or connectors are 6.75” long by 4.5” wide, and 1.5”
from the skid-resistant pads on the bottom to the top of the knob. It weighs in at a
bit over a pound.
Forte is supported as a Core Audio device in Mac OS 10.7 and above, and with
an ASIO driver for Windows 7 or 8, 32- or 64-bit. Although Focusrite hasn’t tested

it under Windows XP and therefore makes Windows 7 or 8 a requirement, I’ve
used it quite a bit under XP (I’ll spare you a long story about that) and it seems to
work just fine. Recording is 24-bit resolution at standard sample rates between
44.1 kHz and 192 kHz. I did most of my testing at 44.1 kHz, and only under
Windows 7 (32-bit) and XP (for the heck of it). I didn’t test it with a Mac because I
don’t have one.
Along with the Windows ASIO and WDM driver, there’s a software control panel
(both Mac and Windows) for the Forte’s low latency DSP mixer which allows you
to balance DAW playback with the input source for overdubbing. There are two
stereo returns from the DAW so you can have a balanced DAW mix in the
speakers for playback and mixdown, and an independent mix in the headphones
to help you sing or play better. Nearly everything except monitor mixing can be
done from either the software control panel or with the knob and touch pad on
the Forte.
Although there’s no DAW bundled with the Forte to get you started, there’s a
bonus of the Forte Midnight Plug-in Suite which includes models of the ISA110
equalizer and ISA130 compressor, components of Focusrite’s Forte console from
which this interface takes its name.
As soon all the software was installed and it was ready to go, I plugged a Shure
SM-57 (because that’s what was on the bench) into one of the mic inputs, put on
my Sony 7506 headphones, and was stunned by how good this ordinary mic
sounded on my voice. Don’t be misled by the picture
on the web page showing a stack of Focusrite
RedNET boxes standing next to a Forte. It fooled me,
at first thinking that the Forte’s preamps took their
circuitry from the high quality RedNET preamps.
That’s not the case, however both published and
measured performance specifications are pretty close
to those of the RedNET. Any mic I threw at it sounded
as good or better than my mixers and all but a couple
of my outboard preamps. If it wasn’t for the fact that the Forte requires a
computer connection in order to be useful for something other than a
paperweight, I’d be happy to have one handy as an extra outboard mic preamp.

Getting Up and Running
To assure that you start out with the current software, rather than including a disk
in the box, Focusrite sends you directly to their web site to download the latest
driver and control panel application as well as the Midnight Plug-ins. There are
separate file sets for Windows and Mac OS. The plug-ins require registration and
activation using a code included in the package, the rest is load-and-go.

On the Windows 7 computer, installation went without a hitch, but I ran into a
snag with my regular studio computer, which runs Windows XP. When I ran the
installer, a pop-up told me that it didn’t find Microsoft NET Framework 3.5 (for
stability and predictability, I don’t update this working computer very often) and
invited me to install it. After temporarily connecting it on the ‘net, the Focusrite
installer went to the Microsoft download site, downloaded what it needed, and
proceeded with the update. After chugging along for a few minutes, a message
popped up indicating that the installation failed. After a couple more tries and
failures, I located a log file that told me it tried to un-install the previous version
but couldn’t. Apparently something had become corrupt, perhaps during a failed
Windows update, and neither the updater nor I, manually, could un-install the
previous version of .NET Framework. I eventually located a Microsoft utility that
promised to uninstall any version of .NET Framework, no questions asked. It did,
after which I was able to install Version 3.5, and the Focusrite installer was
happy. .NET Framework 3.5 is a standard part of the Windows 7 package, so
when you install it on an officially qualified system, things should go smoothly as
they did with my Win7 system. I suppose I could have eliminated this run-around
simply by accepting the stated minimum requirement for Windows 7, but I can be
stubborn at times, and at least I got a possibly useful update out of the process.
The Forte actually works pretty well under WinXP, though I wouldn’t recommend
it, because Focusrite doesn’t.
The Windows oftware installation begins without the Forte connected to the
computer, which is typical of hardware devices that require a third party driver. A
minor quirk is that, after the software installer has finished, it asks if you want to
run the Forte Control Panel now. It should say: “Please connect your Forte now.”
As anyone who has installed a Windows hardware driver knows, the installation
process isn’t complete until the hardware is connected and Windows, through it’s
“found new hardware” routine, associates the newly installed driver with the
hardware. Then, and only then can you open the Control Panel and use the
interface. I suspect that under Mac OS, where the Forte uses the Core Audio
driver and only a control panel is installed, the prompt to open the control panel is
appropriate.
The Forte can be a bit of a fussbudget. Open the control panel without the
external power supply connected to the unit and a pop-up reminds you of what
you’re missing (no phantom power, line output limited to “consumer” level) when
using USB power. There’s a “don’t remind me of this again” check box, but it took
a few a few tries before the reminder stopped. If the breakout cable isn’t
connected, tapping the Input select icon on the unit gets you a reminder to
connect the inputs. Without the cable connected, neither the input level controls
nor input selector on the Control Panel application work, not surprising since
there’s nothing for them to do. It’s of course possible to use the Forte without the
input cable as a playback-only interface, as those outputs are on chassis
mounted jacks.

Like most USB audio interfaces that I’ve used, the Forte doesn’t take too kindly
to the computer going to sleep or hibernating. When bringing the computer back
to life, it’s frequently necessary to disconnect the USB cable and re-connect it in
order to wake up the interface. Since, with the external power supply connected,
it’s still powered up, though in an indeterminate state, it’s also usually necessary
to disconnect the external power supply as well as the USB cable, and leave it
disconnected until the Forte comes alive again. Although Focusrite Tech
Support’s experience differs (theirs, of course, works perfectly), when the
computer has been powered down but the Forte’s external power remains on,
I’ve at times had to coax it into operation when booting the computer from a cold
start. It’s good advice that a computer used for audio applications have its power
management set to “always on” in order to assure that communication with the
interface remain active until you consciously shut it down.

Gozintas and Gozoutas
The mic preamps are a new design with performance goals that approach those
of the RedNET series, Focusrite’s current top end design, and I believe they’ve
accomplished that goal. These preamps offer more gain than other computer
audio interfaces that I’ve used, even other Focusrite models. Since gain is
controlled digitally, the gain control knob operates linearly in 1 dB steps over its
full range without the large increase in gain over the last few degrees of rotation
which is common to contemporary units using analog gain pots. It’s easy to set
gain as precisely as you wish - it takes a bit more than 8 revolutions of the knob
to go from minimum to maximum gain. The gain calibration is in dB, ranging from
0 to 75, which may or may not be the actual gain of the preamp circuitry. It’s
notable, however, that 0 isn’t completely off.
Rather than absolute gain in dB, what’s significant is the input sensitivity, which,
at maximum gain, yields full scale digital level with an input level of -63.5 dBu. In
looking back through my notebook, I’ve found sensitivity of other interfaces to fall
in the range of -40 dBu to -57 dBu for 0 dBFS, so in comparison, the Forte’s
inputs are rather hot. However, there’s still plenty of headroom. At minimum gain,
+11.8 dBu at the mic inputs gives a record level of 0 dBFS with no indication of
analog clipping. Being a solid state transformerless input, there’s no range of
“vibey” distortion below clipping as you push the analog input level. The preamp
remains clean and transparent until you take it over the edge. There’s about 0.5
dB between nearly immeasurable THD (<0.005%) and greater than 1%, and then
unpleasant sounding clipping takes over.
Input impedance is 2k Ω, 1k Ω per leg, which provides excellent common mode
rejection of around 85 dB when fed from a properly balanced source. Phantom
power is 45.8v.

All of that gain doesn’t come without a little pain, however. If you turn it all the
way up, you will hear some hiss and see your DAW meters moving. Here’s a plot
of the noise spectrum made by recording a track at maximum input gain with the
mic input terminated with 150Ω (the source impedance of a typical mic), then
playing it back and using the Voxengo SPAN plug-in to display the noise floor
spectrum:

This is good, honest noise running in the ballpark of –95 dBFS, with a couple of
notable peaks, one at 60 Hz (the power line frequency) and two around 10 kHz
and 15 kHz which are around -80 dBFS. This measurement was made without
the external power supply connected, so it’s likely that the 60 Hz is coming in on
the ground via the USB cable. Connecting the AC supply didn’t change the 60 Hz
peak appreciably.
Thinking that those high frequency spikes could be caused by EMI radiating from
something near the test bench, or from the computer itself, I ran the same test
using a different computer in a different room and those two high frequency
spikes were still present. Repeating this test with an ALVA Nanoface USB
interface to be sure that I didn’t have a measurement problem, I didn’t see spikes
at those frequencies, but there was one at around 17 kHz. The average noise
level of the Nanoface was lower than the Forte as well, which made me
somewhat suspicious since, in practice, the Forte is the better sounding of the
two.
The difference in the absolute noise level at maximum gain is because the Forte
has considerably more gain than the Nanoface, and that gain is applied to the
noise as well as the desired signal. In order to fairly compare the Forte’s noise
floor with other similar interfaces, I ran another plot with the Forte’s gain set so
that the sensitivity (input level required for 0 dBFS) was the same as that of the
Nanoface at full gain. This looks much better:

The 60 Hz and high frequency spikes are still there, but with the lower gain, the
noise floor is around -115 dBu, nearly 20 dB quieter than the Nanoface, This is
the level of performance that I expected from Focusrite, and is much more in line
with what my ears tell me, particularly when using the Forte with low output
ribbon mics. For a given mic, source, and recording level, you can expect the
Forte to be 10 to 15 dB quieter than most other interfaces (though I haven’t
tested them all!).
I probably dwelt on this than I should have, but I know that the first thing some
people do when they get anything with a gain control is to turn it up fully, turn the
monitor volume way up, and say “I hear hiss!”
The input gain controls can be linked together so that moving one channel’s
control adjusts both channels. This is handy when using a stereo miking setup,
allowing you to adjust the record level without the stereo image shifting. Linked
channels don’t necessarily need to be set to the same gain. If, for example,
you’re recording a guitar on two tracks using a mic and a pickup, the gain
settings for the two channels will almost certainly be different. Once you find a
blend that you like (or if you just want to record them at equal level and mix them
to taste later on), pressing the Link button will keep the two channels in step
should you need to change the overall record level. Linked inputs can be
adjusted using either the Forte Control panel application or by tapping the Input
icon on the Forte and rotating the knob.
With the ¼” jacks in Line Input mode, at maximum gain, -33.5 dBu in produces a
digital level of 0 dBFS. At minimum gain, +20 dBu in equates to 0 dBFS. The
gain scale for the Line input controls runs from -12 dB to +42 dB. Since some pro
outboard preamps or external signal processors are capable of putting out
+24 dBu or more, it may be necessary to back off the outboard’s output level or
drop its gain to keep from overdriving the Line inputs. Input impedance
(differential) is 43 kΩ, which presents a 21.5 kΩ load to an unbalanced source.
In the Instrument (DI) input mode, the inputs are still differential, but since
instrument pickups are rarely wired between tip and ring of a TRS plug, I

checked these out using an unbalanced source. At minimum gain (indicated as
+14), the DI input takes +10 dBu to reach 0 dBFS, which should handle all but
the hottest pickups. At maximum gain (+68 on the scale), -44 dBu equals
0 dBFS. Input impedance in the Instrument mode measures 225 kΩ tip to sleeve.
Some instruments, particularly those with unbuffered piezoelectric pickups, prefer
to see a load of 1 megohm, while some magnetic pickups are happiest with a
load in the 50 to 60 kΩ range, so Focusrite’s choice seems to be a fairly good
compromise. It’s impressive how quiet the DI inputs are. Find a buzz-free
position for the instrument in the room and you’ll record a buzz-free track.
The inputs have switches for a 10 dB pad, polarity (“phase”) reverse, and a
12 dB/octave high pass filter that’s 6 dB down at 75 Hz. There’s also a switch to
engage phantom power, but only when in the Mic Input mode, and only with the
external power supply connected.
A nice feature is that the XLR and ¼” input connectors are truly independent. On
some devices without a Mic/Line switch, even though there are separate mic and
line input connectors, plugging in a mic swamps out what’s connected to the line
input, or plugging in a line input disconnects the mic input. This can make for
some plug swapping when switching sources. With the Forte, you can leave mics
plugged into the XLR inputs and line level sources or instruments plugged into
the ¼” jacks with neither one affecting the other. Simply select the input you want
to use from either the hardware or the software control panel and it’s there.
Outputs are mostly straightforward. The two ¼” TRS jacks on the rear are
nominally for control room monitor speakers and are sourced from the mixer’s
“speaker” output. They can, of course, be used for anything that takes a line level
input such as a multi-output headphone amplifier or even a backup recorder.
Maximum output level with the external power supply connected is +16 dBu
which should be sufficient to drive a powered speaker or power amplifier to full
volume. When operating with USB power alone, the line outputs drop by 18 dB,
putting them in the range that we usually think of as “consumer level.” These are
real differential outputs, with the signal in opposite polarity on the tip and ring.
When connected to an unbalanced input with the ring grounded, THD goes up
slightly, from about 0.015% at maximum output level balanced to around 0.03%
and of course since you’re using only half the output, you get only half the level.
The ¼” headphone jack, conveniently located on the front edge, is fed from
mixer’s headphone output and works in the same way as the line/speaker
outputs. Unlike the speaker outputs, the headphone amplifier’s output is not
restricted when operating on bus power so you can still blast your ears when
mixing on an airplane.
Holding a finger on the Speaker or Phones icon on the Forte touch panel brings
up a menu to mute, dim (-12 dB) or sum the left and right sources to mono. The
same functions are also available from the Forte Control panel. While the Mono

switch might be useful for a quick check, muting or dimming requires a lot of
motions compared to simply slipping the headphones off momentarily or just
spinning the knob.
Maximum output of the headphone amplifier is +8.5 dBu into a 60Ω load (a
common headphone impedance), which works out to about 70 milliwatts of
power. That produces a mighty uncomfortable level with my Sony 7506
headphones, though headphone impedances (hence power) and efficiencies
differ, as does human ear sensitivity and musical taste. If you need the phones to
be very loud in order to hear over your own racket, you might need an outboard
headphone amplifier.

The Mixer and Forte Control

The Forte Control panel consists, on the left, of a pair of input controls to set the
gain of the mic/line/instrument inputs, and on the right, level controls for the
Speaker (Line, typically control room monitors) and headphone outputs. In
between are the controls for the internal DSP monitor mixer.
I’ve been talking a fair amount about the built-in mixer already, so let’s take a
closer look at it. I can’t draw a better block (signal flow) diagram than the one that
pops up when you click the [?] button on the Forte Control panel:

I
It’s a six input, four output mixer grouped as three stereo pairs, though they don’t
necessarily need to be used as pairs. The six inputs come from the two analog
inputs and four DAW outputs. Conventionally those DAW outputs (I prefer calling
them returns, as in a recording console’s
tape returns) will be stereo buses in the
DAW’s internal mixer. One bus is usually
a rough but reasonably well balanced
mix that you want to hear when playing
back the project during tracking, while
you can think of the other one as one
stereo or two mono auxiliary sends that
can be used creatively. They could
become the basis for a “less keyboard in
my phones, please” stereo headphone
mix, with “more me” supplied by the
Inputs sliders. Or you might create a
reverb bus using a DAW plug-in and
send it out the second return for some
reverb in the monitors or phones.
The mic/line/instrument inputs are routed both directly to the DAW where they’re
available as track input sources, and also to the Forte mixer. By using the Forte
mixer to get the input source to the headphones rather than using the Input
Monitor function of the DAW, you’ll avoid the latency resulting from passing the
input signal through the computer and back out again.
Keep in mind that while the input source selection, input gain, and output level
controls are available both in the software Forte Control and the hardware
interface, the monitor mix (the inputs plus DAW returns) is controlled only from
the Forte Control panel application.

The two tabs at the top of the mixer control section select whether the sliders are
controlling the speaker (line outputs) or headphone (headphone jack) mix. The
mixer controls are identical for each of those two outputs. The LINK button not
only ties the two level sliders together, it also changes Pan function. When linked
(as the DAW returns are in this screen shot), there’s a single left/right balance
control for the linked pair that behaves like the balance control on your living
room stereo receiver, or, alternatively, like the Pan control for a stereo (usually
line input) channel on a mixing console. When not linked (as the IN channels in
the screen shot), each channel of the pair has its own left/right pan control.
The LINK buttons in the mixer section work somewhat differently than the Link
button for the mic/line/instrument inputs. As mentioned previously, linking the
input channels ties the gain knobs together but retains their relative settings.
Clicking on a mixer LINK button locks the two faders of the pair together as you’d
expect, but if a pair’s faders are initially set at different levels, when LINKed, the
higher level fader drops to match the lower one. In this mode, it’s expecting a real
stereo input pair rather than two independent channels. This makes good sense
for the DAW returns most of the time, but depending on how you’re using the
inputs, you may want to have a different balance between the two channels in
the monitor mix than what you’re sending to the DAW tracks.
The meters above the output level knobs in Forte Control and above the speaker
and headphone icons on the Forte device (the normal “three meter” display) are
pre-fader, indicating the level on each of the output buses, before the output level
control. When those meters hit the peak, regardless of the setting of the output
level control, the mixer is clipping and the input and/or DAW return level sliders
need to be lowered. The mixer sounds particularly nasty when driven to clipping,
so if you’re hearing distortion in the phones or speakers, check the mixer levels
first.
The complete Forte Control mixer setup, including levels, panning, mute, solo,
dim, pad, high pass filter, and input polarity can be saved to a file in the computer
for later recall. Current settings are retained when the Forte is disconnected from
the computer or the computer is turned off, so it will come back with the same
settings as when it was last used.
One apparent exception to this that occurred in my testing was that the phantom
power status appeared no to be recalled after a cold boot. I couldn’t decide if this
was a bug or a feature – assuring that you must consciously turn on phantom
power to avoid inadvertently powering a mic that doesn’t like it. It turned out,
though, that it was doing just what it’s supposed to do. Remember that I
sometimes had a problem with the interface starting when the external power
was connected? Well, after re-testing the phantom power for recall again, what I
realized was that when I had to disconnect the external power in order to get the
Forte to start after booting the computer, I disabled phantom the power

capability, so of course it comes up with phantom power on both inputs turned
off. So be warned that if everything is working as it should, if phantom power was
on when you last used the Forte, it will be on when you restart it. If you have mics
that don’t like to be phantom powered, it’s best not to have them connected when
the Forte starts.
The meters (neither in Forte Control nor on the interface itself) don’t have scale
markings, but there’s a numerical readout at the top of the Forte Control meters
indicating the peak level (dBFS). You can, however, get a pretty good idea of
where your levels are by looking at the color of the meter bar. The bar is green
below about -8 dBFS, where it begins turning yellow. The yellow range runs up
through -0.1 dBFS, with a red block at the top of the meter indicating 0 dBFS. If
the meter is green most of the time with some excursions into the yellow, you’ll
be operating safely with some headroom. A floating bar on the meter scale
indicates the peak level. From the Forte Control Settings menu, the peak
indicator bar, as well as the red clip indicator (the block at the top of the meter),
can be adjusted to remain on for as long as 5 seconds, or as little as 0 seconds.
Typically, sample rate is set in the DAW program and the interface follows it, but
in Windows, there are additional setup parameters for sample rate and buffer
size. Mac users can access the buffer setting from within the DAW program.

The Hardware User Interface
The user interface on the Forte itself consists of a display panel and a set of four
touch sensitive icons to select the function to be controlled by the turn-and-press
knob. This is an elegant looking display, very bright and clear. This OLED
(Organic Light Emitting Diode) technology is really impressive, particularly when
you need to present a lot of information in a small area.

The main display consists of three two-channel bar graph meters showing, left to
right, the input levels, speaker, and headphone output levels. The icons below

the meters are, left to right, input, speaker output, headphone output, and DAW
control. The one that’s illuminated (red) is the one that the knob will control when
you rotate it. For example, in the photo above, turning the knob adjusts the
loudspeaker volume.
When you tap the illuminated icon, click the knob, or
simply spin the knob, the three meters are replaced by
a display that shows the current settings for the
selected mode. Things that are engaged are
highlighted. In this example of the Inputs mode display,
we can see that Input 1 is a mic input with phantom
power and the pad engged. Input 2 is a line input with the pad and low cut filter
engaged. This display remains active as long as you’re twiddling the knob,
reverting back to the three stereo meters display after a few seconds of inactivity.
The number inside the circle indicates the relative gain setting and a green band
surrounding the circle (difficult to see in this screen shot) represents the pointer
position of a rotary knob. Since the Input mode has two channels which can be
independent, a quick tap on the Input mode icon when the “settings” display is
visible switches control between IN 1 and IN 2.
Holding a finger on the Input mode
icon for a bit longer than 1 second
brings up a menu of things you can
do in that mode. The Input menu is
the most interesting one so I’m
showing it here as an example.
Rotating the knob scrolls through
the selections, pressing the knob
makes the selection. When the two input channels are linked, settings made on
either channel affect both channels. There’s a minor menu system inconsistency
down at this level in that when viewing this menu, tapping the mode icon doesn’t
toggle the menu between the two inputs, it gets you back to the view in the above
paragraph. Once there, a quick tap switches to the other input, then resting your
finger on the icon for a second brings up the detailed menu for the other channel.
It’s “up, over, and back down” thinking.
Incidentally, I initially had on my list of quibbles that the Link function was only
available in the Forte Control and not from the hardware control surface. It wasn’t
until I was looking in the manual for something else that I saw the screen shot of
the detailed Input menu showing LINK. It never occurred to me to scroll down
past the PAD function with the knob since there was no indication that there was
another page to this menu, but that’s where it is.
This tapping and scrolling is really easier than it sounds, but if you’re sitting at the
computer anyway, it’s really easier to use the Forte Control.

DAW Control
This is so cool that it deserves a section on its own. The
knob on the Forte feels so good under the fingers that it’s
a shame, once things are set up, to use it only for an
occasional volume change, so Focusrite thoughtfully
integrated it with several popular DAW programs. Tap on
the DAW Control icon when you’ve opened up a DAW
program that it recognizes and you’ll be greeted with a
graphic of the program’s logo and a description of what
turning and pressing the knob will do. You have a few
choices, but since there are only two motions, rotate and press, you’re limited to
just two functions. The choices offered vary with the DAW program.
Here’s what the DAW Control Setup menu looks
like with Reaper. In the DAW Control mode, scroll
to the function you want the knob to perform when
rotated, press the knob to select it, and then do
the same to define what happens when the knob
is pressed. FFW/RW (which is actually a fast scroll
along the project’s time line) and PLAY, my
favored choices, are useful for editing to get into
the ballpark and then listening to locate the edit
point. Since there’s no input for a foot switch, if
you’re working alone and doing punch-ins, you could put the Forte on the floor
and tap the knob with a foot to enter Record if you select that option. Take off
your football cleats first, though! MOUSE does whatever the mouse scroll wheel
does, which, in the case of my Reaper setup, duplicates the ZOOM function.
At this time, the DAW Control feature supports the following popular DAWs:
Cubase 6, Logic 9 Pro, Pro Tools 10, Abelton Live 8, Garage Band, Studio One
v2, FL Studio 10, Reaper, Reason 6, iTunes, and Windows Media Player. I’ve put
in a request for Audition support on behalf of several of my friends in the
broadcast community who use it. The current list of supported DAWs and the
control functions available for each can be found at:
http://tinyurl.com/ForteDAWs
If you don’t have a DAW running or if you’re using a DAW that
isn’t supported, tapping on the DAW Control icon will get you
the disappointing message:

Latency
The purpose of the Forte mixer is to get the input source to your headphones via
the shortest path possible, rather than making a trip through the computer and
back via a DAW return. By necessity, this is a digital mixer which, simply
because it’s digital, has some throughput delay of its own. Nothing is as good as
a pure analog input monitoring signal path (which is why a lot of folks are
reluctant to give up their analog mixers) but the DSP hardware used in the Forte
monitor mixer brings the input monitor latency mighty close to zero.
At 44.1 kHz sample rate (the worst case), the delay through the Forte mixer
between mic input and monitor output is just a shade over 0.5 milliseconds. This
is quite acceptable. I’m particularly sensitive to the comb filtering that can be
heard when the natural sound of your voice through your head mixes with the
slightly delayed version coming through the earphones. With a delay this short
the comb filter notches start at a high enough frequency so that it’s not
bothersome. At higher sample rates it gets even better, 0.2 ms at 96 kHz sample
rate, and 0.1 ms at 192 kHz.
Latency when going through the DAW is considerably greater than when going
through the Forte mixer. This is the latency you’ll experience when playing a
virtual instrument or if you choose to monitor inputs through the DAW. It’s difficult
to quantify DAW latency in a review as it’s largely a function of how small a buffer
you can use without degrading the DAW performance. This is, in turn, dependent
on how fast your computer is, how the driver is written, how the DAW works, and
how well tweaked your computer is for running audio applications. In other
words, your latency will almost certainly be different from my latency.
Using Studio One as a test platform (it clearly displays what it thinks the latency
is), I measured actual input-output latency through the computer path using
buffer settings (Forte’s buffer setting is displayed in milliseconds rather than
samples) of 10 ms and 2 ms at both 44.1 kHz and 96 kHz sample rates. The
actual latency spans a much wider range than the buffer setting would suggest,
though my measurements came pretty close to the sum of the input and output
latencies reported by Studio One. The fact that doubling the sample rate doesn’t
significantly reduce latency suggests that the buffer is doing a whole lot of
buffering.
44.1 kHz
Buffer setting
Input
Output
Measured

10 ms
21.4 ms
31.3 ms
55 ms

2 ms
5.4 ms
7.4 ms
16 ms

96 kHz
10 ms
20.6
30.6
52 ms

2 ms
4.6 ms
6.6 ms
15 ms

Usually it’s the ASIO buffer that’s adjustable and it’s usually what people report
when they say “I’m getting 64 samples of latency.” It’s not uncommon for a USB

audio interface to have a USB port buffer in addition to the ASIO buffer, and this
may or may not be adjustable. Since unlike Firewire, USB throughput, isn’t
independent of what else the computer is doing, buffering the data in and out of
the USB port is one way of assuring reliable operation.
Today, most DAWs have latency compensation. The input latency (time from
when the audio hits the A/D converter to when it gets written to the disk) and
output latency (similarly, the time taken to get from the disk through the D/A
converter) as reported to the program from the driver is used to adjust the
position of an overdubbed track so that it will play back in sync with the reference
track. Regardless of what the buffer setting means, those latency numbers
reported by the driver are pretty accurate. Playing a click track, patching the
Forte output to the input, and recording that as an overdub put the overdub just a
bit less than 1 millisecond late, which, coincidentally is just about the delay
through the Forte mixer’s DSP path (which the ASIO driver doesn’t know).
The latency numbers look better with a buffer setting of 1 ms, but my tired old
computer stuttered at that setting. 15 milliseconds is workable, but if you require
a larger buffer for your system or project, you have a very good case for learning
to use the Forte monitor mixer.

In Use
I’ve already described how the Forte works in a fair amount of detail, so this part
of the review is going to be more about observations while using it. An audio
interface is supposed to get signals from one place to another, changing them in
format when necessary, but not changing anything else. This is just what the
Forte does. It does nothing unexpected to the audio passing through it. It doesn’t
add color, warmth, presence, or sparkle; it presents a clear and uncolored picture
of what’s coming from the source. Despite all my ramblings about noise floor, any
mic, old condenser, new condenser, dynamic, or low output ribbon, that I
connected to the Forte sounded as good as I can remember hearing it. As a
sanity check, I connected my Great River MP-2 preamp to the line inputs of the
Forte and switched mics back and forth between it and the Forte mic inputs.
Although they sounded different and I liked them equally well. I wouldn’t have
any reservations about using the Forte mic inputs for any job that it can handle.
I really enjoy having a playback volume control within handy reach so I don’t
have to hunt for an on-screen button or slider with the mouse. My regular stereo
interface is a Lynx L22 PCI card, and I use a TC Electronic Level Pilot (a pot in a
cool looking box) as my handy volume controller. The Forte provides the same
convenience.
I’ll reiterate my distaste for short and stiff breakout cables. I was unable to find a
satisfactory routing for the cables going in and out of the Forte so that they didn’t

get in the way of something on the desk. Also, the gaggle of cables - the input
squid, the two monitor output cables, USB cable, and power cable – all coming
from the back of the unit keeps it from being easily moved around. It needs a
home and it needs to stay there. A more flexible and longer breakout cable would
be welcome.
While the OLED display components are very clear and bright, and the
illuminated (active) touch pad mode icon is easy to see at a glance, I found the
non-illuminated mode icons, which appear dark gray on a shiny black
background, to be quite difficult to see. I ended up putting a little white paper
sticker below each icon to guide my finger to the right area to change the knob’s
function. Some industrial designer worked really hard to make this a beautiful
package (and it is), so it’s a pity to spoil it with paper stickers. I suppose that after
a while I’d get used to it, but I found myself reaching for the mouse and using the
Forte Control for most routine things, leaving the knob primarily as a speaker
volume control.
While it worked fine with Reaper, I had quite a battle getting it to work with Pro
Tools 10 Native running under Windows 7. This Pro Tools setup works fine with
the Alva Nanoface and a Mackie Onyx 1640i so I expected it to be plug-and-play
with perhaps just a restart or two to get it accustomed to a new interface. This
was not to be, however. When Pro Tools started up with the Forte connected, as
soon as the audio engine loaded, the Forte’s two DAW return meters started
bouncing up against the top of the scale. Listening to the output, I heard a
pulsing, buzzing sound, which suggested that a hidden feedback path had
connected the USB output to the USB input. I’m not really an experienced Pro
Tools user and figured that there must be an inadvertently engaged monitoring
path sending the output back to the input, but no matter what I turned off or
turned down, the noise remained. The I/O setup was fine. It recognized the Forte
and knew how many inputs and outputs it had and made them available in their
appropriate places in the Pro Tools track and mixer setup. Neither Focusrite’s
Tech Support nor anyone on the Avid Pro Tools 10 User’s Forum had a solution.
Oddly, I could record and play back with this nonsense going on, but of course it
was useless because the noise was recorded along with the music.
Even though the Forte worked fine on this computer with other DAW programs. I
uninstalled and re-installed the Forte driver several times because that’s about all
the software maintenance I knew how to perform, and it’s usually good voodoo
when odd problems arise. I even did a repair installation of Windows, then
checked the Pro Tools web site for updates. I found a version one increment later
than mine, downloaded and installed it (10.3.2) and by golly, the problem went
away. So I can say with a clear conscience “It works with Pro Tools.” I need to
use Pro Tools more in order to keep up.
In addition to Reaper, my standard test and go-to DAW program, I also checked
out the Forte with Studio One version 2 and Audition 3, both of which hosted it

with no problems. Sound Forge 10, which is my primary 2-track recorder and
editor, was a bit cranky, but it seemed to start working consistently once I got the
Pro Tools problem resolved. Perhaps one of the Avid drivers was getting in the
way.
When setting up two Neumann KM-84s as an X-Y stereo pair, I immediately
noticed that the channels were out of phase. A little investigation determined that
the polarity of the Channel 1 mic input was inverted, both to the DAW and in the
Forte monitor mixer. I checked the ¼” line/instrument jacks and their polarity was
correct. I thought that an XLR on the breakout cable might have been miswired,
but inspection showed consistent color-coding for both of the XLRs. When I
inquired, Focusrite confirmed that this was a known problem that would be
corrected with the next driver release. A release note pointing this out would
have been helpful, at least for those who read ‘em.
Alt-Clicking on the Pan knobs centers them, Alt-clicking the input gain knobs
turns them all the way down, and Alt-clicking on the output level knobs sets them
to a nominal -31. In order to send the sliders to their unity gain position (0.0)
requires an Alt-double-click. A single Alt-click to get them from wherever they are
to unity would make the “zeroing out” consistent.
Sometimes the silliest little things
can come around to bite you, and
in this case it’s the case trim
surrounding the headphone jack.
The jack is recessed slightly below
the outside surface of the panel,
and because the front surface of
the Forte is curved, the recess is a
little deeper on the side toward the
center. One of my favorite sets of
headphones has a plug that just
barely fits into the recess. I had to
jam it in pretty hard in order to get
both the tip and ring contacts to mate. Another headphone plug, one with a
chamfered front edge, fit the jack without a struggle. Had the clearance around
the jack been just a few thousandths of an inch greater in diameter the plug
would have fit with no problem. The rear jacks are recessed as well, but since
they’re on a flat surface, there’s enough clearance for a plug to seat fully.

Daydreaming:
The DAW Control function turned out to be quite handy for editing by using the
knob to scroll through the file and start/stop playback. The manual notes that in
order for the DAW control feature to work, the DAW must have keyboard

shortcuts and they must be enabled. This led me to suspect that rather, than
sending MMC or HUI messages, it emulates a keyboard and executes the preprogrammed shortcut.
The Forte DAW Control User’s Guide (a document separate from the manual)
lists the keyboard shortcuts that it expects for the pre-programmed functions of
each supported DAW. This got me to thinking that if I modified a DAW function
so that it would execute with one of those pre-programmed keyboard shortcuts, I
could make the DAW Control perform other functions than those in the present
short list. For example, in Reaper, Ctrl-R starts recording. Since Reaper is wide
open to customization, it might be useful to change Ctrl-R to toggle record arming
on the selected track. That way I could start a track playing, then press the knob
to punch in and out. I fooled around with this a bit but I discovered that I needed
to learn more about Reaper before undertaking the project. Perhaps a future
update will include a greater selection of DAW commands.
Another thing to dream about, and something that wouldn’t be difficult for
Focusrite to provide is a three or four foot long breakout cable, or even an
“extension cord” for it. I’d like to try bundling the monitor, USB, and external
power cables along with it using Spiral Wrap to de-clutter the desk and still allow
the Forte to be moved around a bit.
If I don’t stop soon, this list will get too long, but one additional feature that could
probably be implemented in software would be an M-S stereo decoder for the
headphone and monitor outputs. It might not be possible, or even desirable, to
decode M-S mic inputs to left and right for recording, but being able to listen to
normal left/right stereo in the headphones or control room speakers when
recording with an M-S mic setup is important for positioning the mic essential for
monitoring the recording in progress.
Oh, and can I have one with four mic inputs, please? It’s OK, you can put it in a
box.

Wrap-up:
If two input channels is sufficient for your work and you’re looking to set up or
upgrade a desktop studio, the Focusrite Forte is worth strong consideration.
While it’s a bit pricey for a stereo input device, you’ll search a long time before
finding an interface that sounds this good. Its handy control functions can, during
tracking, reduce the time your hands and mind spend with the computer so you
can put them to better use making better music, and you’ll love the handy volume
control knob.

Quick Product Points
•
•


•
•

Elegant design, would look great on your coffee table
Impressive sound quality, more mic gain than what’s usually
found on similar devices
Easy and intuitive to operate, puts common controls on the table
top
Well designed and logical software control panel
Short and stiff breakout cable tends to get in the way
Your headphone cable plug might not fully engage the jack
without a healthy push – not a problem once you figure it out

Street Price: $500 (US)
For further info:
http://us.focusrite.com/usb-audio-interfaces/forte

