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The handheld “personal” recorder has been a staple for both the musician and 
recording hobbyist long enough for us to think that the technology has matured 
and these devices have become commodities, but new models are still coming 
along fast and furious, with each generation offering more than the previous one 
– greater recording capacity thanks to inexpensive flash memory, longer  battery 
life thanks to low power chip technology, better sounding built-in mics, lower cost, 
and more features . . . . so many more features!   
 
So here’s TASCAM’s DR-40 which, in addition to its primary function as a 
handheld stereo recorder, is a double handful of music production tools. 
Straightforward point-and-shoot recording works as expected – power it up, 
press Record button once to check levels (record standby) then press it again to 
start recording. With the mics in a good place and the level set properly, you’ll 
bring home a good recording. But haul out the instruction manual and you’ll find 
some pretty powerful functions and tools that go well beyond simple recording. 
The DR-40 includes enough goodies that it could well become the mainstay of 
your home-away-from-home studio.  
 
 
The Basics 
 
The DR-40 records 16- or 24-bit PCM files in either standard WAV or broadcast 
wave format (BWF), as well as data reduced MP3 format from 32 to 320 kbps. 
Sample rates are 44.1, 48 and 96 kHz. Recordings are stored on up to a 32 GB 
SD or SDHC flash memory card. Files can be transferred between the memory 
card and computer via the recorder’s USB port, however unlike some handheld 
recorders, when connected to a computer, the DR-40 can’t double as a USB 
microphone or interface. 
 
In addition to the built-in mics, two genuine Neutrik combo XLR-TRS connectors 
accommodate external mics (phantom power is available) or line level sources. 
Neither 5v plug-in power nor a mini stereo mic input jack is offered, nor would it 
be missed in a professionally-targeted field recorder.  
 
In addition to stereo, there are several 4-channel recording modes which I’ll 
describe later, plus mono (either with the internal mics summed or from a single 
external input) which creates a real mono file.  
 
Two optional remote controllers are available though neither was provided for 
this review. One is a foot pedal that appears to be oriented toward narration or  
transcription, the other is a button controller for transport control, input level 
adjustment, and dropping a BWF marker. The remote, however, has no record 



level meter, so you can’t be very remote from the recorder in order to make 
effective use of its level controls. Other accessories available are a furry 
windscreen and an AC USB power supply that powers it through the USB port.  
 
 
From The Top 
 
The DR-40 follows the conventional handheld recorder form factor - a pair of 

microphones at the top, a high contrast backlit LCD, and a 
collection of buttons, some with direct functions but most 
call up menus or serve multiple functions. For example, 
[+] and [–] menu navigation buttons double as playback 
volume controls while the [<<] and [>>] buttons triple as 
fast forward/rewind and previous/next file selection.  
 

The left side panel 
has a switch to 
select mic or line 
level for the 
external inputs, 
the output 
(line/phones) jack, 
a Hold switch 
which locks most 
controls, and a 

pair of rocker buttons for setting the record level. The 
USB connector and the memory card slot occupy the 
right side panel. External input remote controller jacks 
occupy the bottom edge. The battery compartment and a 
¼-20 tripod socket bring up the rear. 
 
Dimensions, including the microphone guards, are 6” x 2¾” x 1½”, a comfortable 
handful but a bit too large for a shirt pocket. It weights in at 10½ ounces (300 
grams) give or take a bit depending on what type of batteries are installed.  
 
 
 
 



The Built-in Mics 
 
Although they protrude prominently from the top of the case, the manual refers to 
these as “internal” mics (INT on the menus), so I will, as well. 
 

 
 
 
 
 

These condenser mics appear to have a cardioid pattern, about 6 dB down at 90° 
off axis. At maximum input gain, 80 dB SPL C-weighted at the mics produces a 
peak recording level of around -3 dBFS, so sensitivity should be adequate for 
most music and spoken voice applications. There’s sufficient headroom and gain 
adjustment range so that anything as loud as you can stand to be in the same 
room with can be recorded without clipping. There’s no pad switch, nor is one 
necessary. 
 
The mics swing by 90 degrees, offering your choice of two near-coincident stereo 
configurations. When turned toward the center, the mics approximate an X-Y 
configuration with their diaphragms approximately 1” apart. In the outward 
configuration, the capsules are about 3” apart (not quite ORTF). I preferred using 
the near X-Y configuration for its more solid center, though the spaced 
configuration gives a wider stereo spread, but with a weak center if you’re too 
close to the source.  
 
You can’t get very far from a GSM cell phone these days, but you’ll want to keep 
these mics away from the one in your pocket. With my phone a foot away from 
the recorder and the record gain half way up, the phone’s radiated EMI when a 
call is received records as hash at a healthy –13 dBFS .  
 
 
Gozintas – External Mic and Line Inputs 
 
The ¼” and XLR inputs appear to be wired in parallel, so either can be fed either 
a mic or line level source, with their characteristics determined by the input 
selector switch. Mic input impedance is 1.7 kΩ, At maximum gain, 0 dBFS 
requires an input level of –47 dBu. At minimum gain, clipping occurs at –3 dBu. 
Quiescent noise, measured at maximum gain with the input terminated with a 
150Ω resistor, is –63 dBFS RMS with peaks around –55 dBFS. As a practical 



example, speaking six inches from a Shure SM57 at a comfortable narration 
volume and at maximum record gain peaks at -15 dBFS.   
 
Line input impedance is 4.7 kΩ, split equally between pins 2 and 3. This is a bit 
lower than we’re accustomed to seeing, but it should present no problem 
interfacing with modern line level gear. At minimum gain, +18 dBu gives a record 
level of 0 dBFS which should provide sufficient headroom for most mixers, 
though you might want to carry a couple of 6 or 10 dB pads just in case you’re 
working with unfamiliar equipment or taking a feed from an engineer who 
believes that the level isn’t right until the meters reach full scale. At maximum 
gain, the line input requires +6 dBu to reach full recording level.  
 
Let’s return to the external mic inputs for a moment. Before I started writing this 
review, I took a look on line to see what others thought about the DR-40 and to 
see if there was anything I hadn’t checked out that I should. Leave it to the folks 
on the Gearslutz forum (http://www.gearslutz.com) to find something to complain 
about, in this case the complaint being that you can’t use an unbalanced mic with 
it. Now why someone would want to use an unbalanced mic with a recorder like 
this (conjuring up images of the mics that came along with the 1950s tape 
recorders, or cheap PA systems of the 1960s is something that only a Gearslut 
would understand, but given that I had seen something a bit suspicious with the 
input impedance of the ¼” input jacks when switched to Mic input, I thought I’d 
check it out and indeed I was able to duplicate the problem.  
 
When checking mic inputs, I listen and test under what are expected to be 
normal operating conditions. An open mic input will always exhibit audible hiss at 
high gain, so when I make noise measurements, I terminate the inputs with a 
150Ω “dummy mic” as is the standard practice. With the mic inputs terminated, 
some hiss with no sonic signature is audible (and expected). But when listening 
to a recording of the unterminated mics inputs, I could hear a rapid ticking, 
approximately 20 ticks per seconds, more pronounced in the left channel than in 
the right, which becomes louder when recording than when in record-standby. 
This suggests that the mic inputs are picking up some internally generated EMI, 
perhaps coming from the display since that’s static in standby and continuously 
changing when recording. 
 
Returning to the issue raised by the Gearslutz, I experimented with unbalanced 
terminated inputs. What I determined is that it doesn’t like is having pin 3 tied to 
pin 1, as is the case with a “mono” ¼” plug inserted in the external input jack. 
With the input gain set around 75% and a shielded but unterminated plug 
inserted, the noise level is upwards of –30 dBFS and indeed the recorder is quite 
unusable when external mics are connected this way. So, no, you can’t go retro 
with the DR-40 using the crystal mic from your grandfather’s Webcor unless you 
consider the EMI hash to be part of your soundscape.  
 



Honestly, I don’t find this worrisome given that this is a recorder that’s really 
designed for hi-fi and not low-fi recording, but I’d feel irresponsible if I didn’t 
report and attempt to explain the issue. A lesson learned from these experiments 
is that if you’re recording with only one external mic, be sure to select EXT 1 as 
the source so you don’t record a stereo file with one noisy channel. And, not to 
worry, with the external inputs switched to Line and unterminated, either this 
noise problem doesn’t exist or it’s at a level so low that it can’t be heard, seen, or 
measured below the expected hiss. 
 
A final note about inputs. With as many musician-friendly features that the DR-40 
offers, it’s a bit odd that a high impedance instrument input setting isn’t provided.  
 
 
Gozoutas – Line/Headphone Outputs and Speaker 
 
Headphones and line outputs share an unbalanced mini jack. Maximum output 
voltage into a line input (10 kΩ or higher) is 1.5 Vrms (+6 dBu), a bit on the 
skimpy side for connecting to pro gear. 60 to 100 ohms seem to be the optimum 
headphone load, providing a maximum of about 15 mW at under 0.1% THD and 
adequate volume with most headphones.  
 
There’s a built-in speaker which can be turned off through a menu. Even when 
turned off, a barely audible hiss comes from the speaker when the recorder is 
powered up. It’s not loud enough to be picked up by the mics (this was a problem 
with TASCAM’s DR-100 which seems to have been corrected in the DR-100 
MkII), but the fact that it’s present suggests that there’s an amplifier drawing 
current when not needed, which is bound to cut into the battery life.  
 
Honestly, I think that a built-in loudspeaker has no place on a portable recorder 
such as this. Some users simply have no sense and will play back a test 
recording through the speaker during a concert “just to auure that it’s working. 
This is a practice that gave portable cassette recorders of the 1970s a bad rap. 
Please turn the speaker off and leave it off. If you need to edit a news story in 
your hotel room before shipping it off to air, you’ll probably want the detail 
provided by headphones anyway. 
 
Input monitoring is always on - whatever’s coming into the inputs appears at the 
headphone jack when in Record. This convenient when using headphones, but if 
you’re monitoring on speakers, be careful when using mics. If you don’t mute the 
monitors, you’ll be greeted with a blast of feedback when you press the Record 
button! 
 
 



 
 
Features, Features, Features 
 
The TASCAM DR-40 is much more than a stereo handheld recorder. Space and 
patience (yours and mine) doesn’t allow me to explain all of its tricks in detail, but 
here are a few that set it apart from the pack: 
 
 
Recording Modes 
 
The DR-40 recording modes are Mono, Stereo, Dual, 4 Channel, and Overdub. 
Mono  and stereo are self-explanatory. You can select either the internal mics or 
external mic/line inputs as the source. When recording mono with the internal 
mics or or one or two external inputs, you get a mono file with the two sources 
summed. You can make a true mono recording (one mic to a mono file) by using 
one mic or line level source connected to External 1 input.  
 
Dual is a feature that’s becoming more popular on these handheld recorders. 
Two stereo files are recorded, one at the set level and one 6 to 12 dB lower, 
giving you a backup in case something unexpectedly loud came along. While the 
recorder has no built-in editing features other than playlist arrangement, using a 
stereo editing program, you can easily replace an overloaded section of the 
recording with a section from your lower level backup, saving an otherwise 
blemished recording.  
 
In the 4 Channel mode, two stereo files are recorded, one from the internal mics 
and the other from a source connected to the external inputs. Levels of the two 
files can be set independently, and it’s also possible to have either independent 
or ganged level control for the external inputs. This could be very convenient for 
news gathering where you can record commentary or an interview using  
external mics (or a single mic) and simultaneously record background ambience 
using the internal mics.  
 
A cool part of this feature is that, from the menu, you can set a delay time 
between the two files. For example, when recording a live show from the house 
mix position, you could record a stereo mix from the console connected to the  
External Line inputs and synchronize that with room ambience recorded with the 
internal mics some distance back from the stage. The delay adjustment goes 
both ways so you can delay either one with respect to the other. Delay is set 
either as time in milliseconds (±150) or as distance in meters. The catch here is 
that the delay between the pair of 4-channel files is available only on recording. 
There’s a mixer (more about that later – spoiler: you can mix the two pairs of files 
to a single stereo file) but the delay can’t be applied there. So either you get it 
right or you fix it later, but getting it close enough up front might save some time 
getting that live piece back to the station. 



 
 
M-S (Mid-Side stereo) Decoding 
 
I’m a fan of M-S miking when it works. Positioning can be more fussy than X-Y, 
but M-S offers more control over the balance between direct and ambient sound 
for a given distance from the source. Since the mid mic is always aimed straight 
ahead, what’s in the center is always on axis, and mono compatibility is perfect. 
The M-S mode is only available on the external inputs. The mid and side mics 
can be recorded as they are and converted to left/right later as a mixdown 
process on the DR-40. Alternatively, they can be “matrixed” directly in the 
recording path for recording a left/right stereo file. When recording mid and side 
mics “raw,” the M-S decoder can be placed in the monitor path so you can 
monitor stereo on headphones or speakers without committing the M-S blend to 
the recording.   
 
 
EQ and FX 
 
Elementary equalization can be applied in playback. There are six fixed EQ 
settings selected from a menu at fixed frequencies of 100 Hz (Bass), 1.6 kHz 
(Mid), and 10 kHz (Treble) with a fixed boost or cut of around 8 dB. Only one of 
the six choices can be engaged, so it’s of limited use. While EQ is never in the 
recording path, when one of the EQs is engaged, it affects the headphone 
output. You could mislead (or frustrated) in attempting to place mics to 
counteract the EQ that you forgot to turn off. The place to engage the EQ, if at 
all, is either when listening to playback, or you can mix the recording with EQ if 
you really think it’s useful.   
 
There’s a useful approximately 12 dB per octave low cut filter with the 3 dB rolloff 
point at 40, 80, or 120 Hz, selected from a pop-up menu. There’s an on-screen 
LOWCUT indicator to let you know it’s engaged, however it appears only after  
you’ve entered Record or Record-Standby. To check the cutoff frequency, it’s 
necessary to look at the menu. The internal mics are quite sensitive to breath 
blasts and wind which the 40 Hz setting tamed fairly well. While the manual 
states that the low cut filter doesn’t work with the external inputs, it actually does, 
and that could be useful. 
 
Effects consist of a few preset  reverb 
algorithms that sound OK. There are no 
delay or chorus effects, nor amplifier 
simulators (not surprising since there is no 
instrument input). The selected effect CAN 
be applied to the input source as well as the 
playback or mixdown, so you must take care 
that you aren’t putting reverb on your 



recording unless you really want it. There’s an EFFECT indicator on the main 
screen which, if you notice it, will tell you if an effect is engaged. It’s off in this 
screen shot, but reversed video (like LOWCUT and LIMITER) indicates that the 
effect is engaged. Effects don’t work on files recorded at 96 kHz sample rate.  
 
 
Record Level Controls – Manual, Automatic, and Things In Between 
 
OFF is manual level control, adjusted via a pair of up/down buttons. While I’d 
prefer a knob, these can be operated conveniently with the hand that’s holding 
the recorder.  
 
AUTO LEVEL is a slow AGC which is available only when using the internal 
mics. It’s reasonably successful at maintaining the record level at around 
-15 dBFS. Typical of an AGC, background noise “breathes” along with gain 
changes, but it works well enough to use when recording a loud concert if you 
have your hands full of other chores and can’t pay much attention to the 
recording.  
 
PEAK REDUCTION is like a limiter with infinite release time. In this mode, 
manual record level control is active. Use it for setting the gain when you start 
recording. When things heat up and the level gets too high, the record gain is 
automatically reduced, but unlike a limiter, gain stays  at the lower setting until 
you re-adjust it (if you so choose) with the manual gain controls.  
 
LIMITER is a peak limiter, one that’s fairly unobtrusive as long as you manually 
set the gain so that it isn’t working very hard. There’s no visible indication that the 
signal is over threshold – you need to pay attention. While it will sit on a 20 dB 
digital peak, it won’t prevent analog clipping. 
 
The level control modes are accessed from the Quick menu, and then only when 
in  Record-Standby. Should you decide, once you’ve started recording, that you’d 
like to engage the limiter, it’s necessary to pause the recording, press the Quick 
menu button, select Limiter, then back out of the menu and resume recording. 
My best time for doing this mid-session, even after a rehearsal, resulted in about 
a 3 second loss of the recording.  
 
 
The Mixer 
 
When you’re talking 4-track recording, you 
need a mixer, and the DR-40 includes one. 
The built-in mixer takes on a slightly different 
face depending on what you’re doing. Let’s 
take a look at the 4-track mode first, since 
that’s what you’re likely to explore first.   



 
In either the 4 Channel or Dual mode, the mixer offers level control and pan 
position for each of the four tracks. When overdubbing, the mixer can be used to 
balance the inputs and the previously recorded tracks in the headphones. The 
headphone mix that you hear when recording the overdub is saved as a new file. 
The process of recording, overdubbing, mixing, and then repeating the process 
until you have all your tracks is a bit tedious, but with patience you can go pretty 
far with it. This is OK for rough work, and since you don’t destroy any of the 
recording passes, they’re available to import into a DAW if you want to work on a 
better mix later. 
 

For conventional stereo recordings, opening the 
mixer accesses a level, pan and effect send knob 
for each track. Defaults are maximum level, hard 
left and right panning for the channel pair, and 
effect send off. These controls affect what you 
hear in the headphones both when recording and 

in playback. If Input is selected as the effect source (this is in the Effects menu) 
the you’ll record what you hear. If Mix is selected as the source for the effect, 
you’ll hear the effect in the headphones both during recording and playback, but 
it won’t be recorded. As with the 4-track modes, you can “bounce” a 2-track mix 
during post production, tweaking levels and pans, and adding some reverb in the 
mixdown. What you hear is what you get.  
 
When recording in the M-S mode, the level and pan 
controls for the external inputs are replaced by a 
single set of width and level controls. The width 
control adjusts the mid-side balance, either for 
monitoring or when recording left/right directly.  
 
 
Musician-Friendly and Other Features 
 
While this is obviously a field-recordist’s recorder, TASCAM has been building 
products for musicians for a long time, and some of that has rubbed off on the 
DR-40. There’s a chromatic tuner that works quite well, though it’s hard-wired to 
the internal mics so you can’t plug a pickup into one of the ¼” jacks for “silently” 
tuning an electric guitar. 
 
Vari-speed adjusts speed and simultaneously corrects the pitch. The range of 0.5 
to 1.5 times normal speed makes it useful for high speed listening (an audio 
book, or perhaps logging a concert recording). You can slow down a phrase to 
learn it, but it won’t help if you want to shift the pitch of a recording to match your  
piano. In the variable speed mode, you can set start and end points for repeated 
playback of a phrase, but glitching gets pretty bad below about 80% speed.  
 



When in Record-ready, a pre-record buffer, if engaged, captures about 3 
seconds of what happened before you hit Record to catch the beginning of a 
song or speech if you’re asleep at the switch. There’s also an Auto Record mode 
which, when enabled will either start recording from Record-Standby or insert a 
marker in the file when the input level crosses a threshold adjustable from -48 to  
–6 dB.  
 
There’s no editing capability beyond playlist organization, but it’s possible to split 
a file so you can, for example, discard most of the first ten minutes of crowd 
noise before the show starts. The division point is where you stop playback, so 
accuracy is limited to how quick you are on the buttons. You can insert markers 
while you’re recording and use those to locate split points. Unfortunately, you can 
insert marks only during recording, not playback.  
 
 
The Mysterious Level Align 
 

The manual explains this as: “If the playback 
sound is very small or indiscernible, the 
perceived overall sound pressure can be 
increased to enhance listenability.”  
 
Huh? What the heck does that mean? After 
some bench testing, what it appears to do is 
apply a 10 dB boost, then compress with a 
ratio of about 6:1 above a record level of 
-10 dBFS. It’s only active in playback, so even 
if it’s engaged, it won’t affect headphone 

monitoring while recording, though if it’s on, you might be surprised when 
listening to the playback of that lovely orchestral recording you just made.  
 
I had hoped that it would be something like an automatic playback level 
adjustment or a normalizer which attempts to make material with levels that go all 
over the place more consistent, but that’s not what it does. About the only use I 
can think of for it is when listening to the playback of material with at least 10 dB 
of dynamic range and with peaks near 0 dBFS in a noisy environment (perhaps a 
moving car). I found no indication on the main display screen that Level Align is 
engaged, so it’s one of those things that’s probably best left turned off unless you 
really need it, and turned off immediately after you’ve had a “level aligned” listen.  
 
 
File Naming Convention and File Management 
 
Like most of these recorders, there’s a folder structure with files named 
automatically within the working folder as they’re recorded. There are two naming 
conventions. Both end with a sequential number with one beginning with the time 



and date of the recording, the other beginning with up to six alphanumeric 
characters of your choice to aid in identifying the session. This file name 
preamble must be entered one character at a time using the cursor keys. The 
pair of files recorded in the 4-channel mode carry the same sequential number 
which is appended by  S12 or S34 to identify the source of the recording as 
internal mics or external inputs. You can’t rename a file from the recorder, though 
you can rename files and folders from a computer connected through the USB 
port.  
 
The sequential number in the file name, as well as the current setup, is retained 
in memory separate from the SD card so the numbering sequence and 
alphanumeric identification if you’re using it continues for recordings made on a 
fresh memory card. If you want to start from zero, there’s an Initialize function 
which restores most factory settings including the counter. Take care with this 
function though, and check your settings before you start recording.  
 
Formatting the memory card is either “full” (usually necessary with a virgin card 
as it performs a full check) or “quick” (which just deletes all the audio files).  
 
 
In Use 
 
Handle With Care 
 
The internal mics are quite susceptible to handling and other 
mechanical noise. They’re muted briefly before recording 
starts so the sound of pressing the Pause button won’t be 
recorded, but any other handling will probably find its way on 
to your recording. I have an inexpensive short tripod with 
flexible “wrap around” legs which is helpful for keeping my 
hands off the recorder, and it also provides a bit of vibration 
isolation from the floor or table where the recorder is placed.  
 
 
Power 
 
Power is supplied by AA cells or through the USB port. When connecting to a 
computer or USB power supply, a screen pops up asking what you want to do - 
use USB as a power source or access the internal memory card. Selecting the 
Bus Power mode returns to the main screen and the recorder can be operated 
normally. Selecting the Storage option disables all of the operating controls 
except the power button and the recorder’s memory card appears as a 
removable disk drive to the computer.  
 
Now about those batteries. It takes three!  Where do you get three AA cells? 
Well, you could buy a 6, 24, or 30 pack but when it’s Sunday night and you need 



to buy more batteries at the 7-11, all they sell are 4 and 8 packs. You’ll probably 
eventually catch up, but I usually use rechargeable cells in my portable 
recorders, and my chargers only charge even numbers of cells.  
 
A menu selection tells the battery indicator whether you’re using alkaline or nickel 
metal hydride (Ni-MH) since the two have a different terminal voltage when fully 
charged and have different discharge characteristics. With a resolution of three 
“bars” on the battery indicator, this is really more of a confidence thing than an 
estimate of remaining operating time. When it’s really time to replace the 
batteries right now dammit! a message pops up on the screen.  
 
Operating time on batteries depends on a number of things including the type of 
battery, engaging phantom power, the amount of time spent in recording and 
playback, and the data format you’re using. (MP3 recording spends less time 
writing to the memory card less frequently.) I eventually ran a set of 2000 mAH 
Eneloop rechargeable cells down to the point where the Low Battery message 
popped up, but it took several weeks of intermittent use. A full day of recording at 
a festival with about 8 hours of an assortment of 320 kbps MP3, 16- and 24-bit 
44.1 kHz broadcast wave stereo and 4 channel recordings brought the indicator 
down to the second “bar.” I estimate that no matter what you’re doing, you’ll get 
at least 10 hours on a set of batteries, maybe as many as 15.  
 
 
Menu Madness 
 
Straight-ahead stereo recording is as simple as pushing a button, but although 
operation is pretty straightforward, with all of the options and features available 
with the DR-40, getting to where you press the Record button isn’t always simple. 
There are three different menus for recording functions, each accessed with its 
own button.  
 
The “Main” menu (the one you get when pressing the MENU button) selects: 

• Sample rate 
• File format (WAV, BWF, MP3 and word length) 
• Low Cut filter off/frequency 
• Pre-record buffer on/off 
• Auto-recording/mark on/off and its threshold 

 
The REC MODE button brings up a different menu, one which expands when 
needed. From here you can select: 

• Recording Mode: Stereo, Mono, Dual (same stereo signal to two files), 
4-Channel, or Overdub 

• Source (Internal mics or external inputs or both) 
• When in Dual mode, the level for the low gain channel 
• When in 4-Channel mode, the delays between internal and external inputs 
• MS-Decoding on/off 



 
The QUICK button brings up different choices depending on what you’re doing. 
When in Record-Standby you can select: 

• Level Control (Manual, Auto, Limiter, and Peak Reduction) 
• Left-Right stereo position swap 

When idling (stopped, not record-armed) you get: 
• Delete (the current file) 
• Divide (the current file at the play position) 
• Level Align 
• Mixdown 

And when recording, the button does nothing.  
 
Level Control (Peak reduction, Auto, Limiter, and Off) and appears in the REC 
MODE menu when Dual mode is selected but not for other modes.  
 
There’s not point in going through all the menus here (you can download the 
manual), but I wanted to present an example, first, of how many settings there 
are which just affect recording, and second, that they aren’t all accessed the 
same way, or from the same menu.  
 
This is a recorder that cries out for user definable presets. This is a feature that 
goes back to the first portable (book sized) digital recorder from Marantz, but 
seems to have gone astray with the modern handheld units. I’d like to press one 
button and, for example, know that I’m recording a 44.1 kHz 24-bit Broadcast 
Wave file using the internal mics, 80 Hz low cut, and manual level setting with the 
limiter engaged just in case. While the display is remarkably informative, it’s just 
too easy to miss something when you’re in a hurry to start recording. If last week 
you were recording with with external mics and you’re about to record with the 
internal mics, failing to check (and change) the source will get you a recording 
with the internal mics when you press the Record button. You’ll see the meters 
are moving and think allis fine, but it’s not what you intended to do. Similarly, if 
your last job was with external mics and you want to record with the built-in mics, 
pressing the Record button will get you zilch. It’s easy, of course, to notice that 
the meters aren’t moving while the music’s playing, but then you need to stop 
and figure out why.  
 
Destructive functions like formatting the memory card, dividing, and deleting files 
require confirmation before doing the deed. Mixdown is another, not that it’s 
destructive, but since printing a mix is a near-real-time process, mixing a long 
recording could tie up your recorder for quite a while. But here’s the rub – you 
pressed the Enter button to select the 
function and it’s immediately asking you to 
confirm the action by pressing that same 
button, from which you likely haven’t yet 
removed your finger! This is contrary to 
good human factors design. Humans 



instinctively press the button that’s under their finger without giving it much 
thought, defeating the purpose of confirming the action. Personally, I’d prefer that 
it did what I told it to do without a second button press, but since it’s going to 
demand a confirmation, at least make me think about what I’m doing. The one 
exception to the temptation to auto-confirm is the Divide function. First it asks you 
to press the REC button, which I believe is to confirm the split point, then you 
need to press the Enter button to confirm the actual division.   
 
It took me about a month to learn the vocabulary (“dual”, “peak reduction” and 
such) and to access the menu I wanted on the first shot, but once the DR-40 and 
I stopped having long discussions about which recording menu to open, it was 
fairly easy to use. It seems, though, that some things take a lot of button presses 
to get where you want to be. 
 
 
So How Does It Do? 
 
I was impressed by the sound of recordings that I made just by placing the 
recorder for convenience, and they get better when I was able to find the best 
place for the mics.  
 
I took advantage of running PA for a stage at the Washington Folk Festival to 
make some recordings in the 4-channel mode. The recorder was mounted on the 
little tripod and placed on top of an equipment rack next to the console at the rear 
of the tent with the mics pointed toward the stage. External inputs got a stereo 
mix mix from the console. I left the delay setting between the internal and 
external tracks at zero since I’m not good at estimating distance and I didn’t take 
time to measure it. Back home, I imported the two stereo files into Reaper and 
slid one relative to the other to get them into time alignment. As expected, the 
console feed was rather dry. The internal mic recording was a bit muddy and 
quite reverberant, but the applause and audience responses were excellent.  
 
Mixing a bit of the mics with the console recording gave it a more spacious feel, 
and I could turn them up to get presence on applause and when the audience 
singing or clapping along. As an aside, since the mic recording was about 75 
milliseconds behind the console mix, mixing the two recordings without adjusting 
for the time difference didn’t sound bad at all, like a reverb with a 75 ms pre-
delay. With a bit of fiddling with DR-40’s mixer levels and utilizing the Mixdown 
function, I produced a stereo track that sounds better than the console or mic 
recordings without using a computer.  
 
I’ve always wanted a mini recorder that could accommodate my own mics, but 
the DR-40’s built-in mics sound good enough so that today I don’t feel that need 
as strongly as I did half a dozen years ago when I got my first handheld recorder. 
Since I use these recorders more for casual rather than formal recordings, I’m 
pleased that I no longer feel the need to set up a pair of good mics for a jam 



session since the internal mics sound so good. For more formal situations, I’m 
inclined to use my Korg MR-1000 and a pair of mics appropriate for the work, if 
for no other reason than that it just doesn’t feel right showing up for a “pro” gig 
with the same kind of recorder that the person hiring me might have.  
 
I made some M-S recordings with the DR-40 using my Studio Projects LSD-2 
stereo mic and it worked just as I expected. The DR-40 provided plenty of gain 
and the phantom power had no problem with the two large capsule dual 
diaphragm mics. M-S placement can be fairly critical, so it’s important to listen to 
what you’re getting, particularly with the M-S decoder in the recording path. I 
started by recording the mid and side mics on their own tracks using the DR-40’s 
M-S decoder only for headphone monitoring in stereo. Eventually I became 
comfortable with the controls, seting the M-S matrix to decode left/right directly to 
the recorded file, and was happy with the results. 
 
The best thing I can say about the Overdub feature is that it works. There’s a lot 
to do between recording passes since you’re building the mix as you go along, 
something which most of us left behind 30 years ago. It’s not so bad to record a 
guitar part, sing the words, balance between them with the mixer, and push the 
Mixdown button, but if you want to work out harmonies or add a few other 
instruments, it’ll take some thought and patience. It’s a bit surprising, given the 
other musician-helpful features of the DR-40 that neither a metronome nor high 
impedance instrument input is included.  
 
I’m not a fan of recording at 96 kHz sample rate, particularly in situations when 
I’m using a handheld recorder. I made a couple of 96 kHz recordings using the 
built-in microphones at to confirm that it works. I found them to be 
indistinguishable from 44.1 or 48 kHz recordings. In fact, for the casual 
recordings that I do with this type of recorder, I was completely happy with the 
320 kbps MP3 format, which gives me 15 times the recording capacity over 
24-bit 96 kHz. Only my pride as a professional engineer prevents me from using 
that mode all the time.  
 
Before I started working with the DR-40, I visited the TASCAM web site to check 
for a software update, and sure enough there was one, which I installed. Version 
1.10 includes a few new features from the original version: Independent level 
adjustment of the two external inputs, extended delay time and the ability to set 
different delays for the left and right external inputs, and a couple of changes to 
the Record Level setting pop-up that follows whether the external inputs are set 
for common or independent control.  
 
The recorder was always solid and never balked or crashed. Although the case is 
plastic, it feels pretty good in the hand. There are a number of options for how 
files play back – sequentially through the folder, repeat the current file, or just 
play it once and stop. I may have inadvertently changed the playback mode a 
few times because more than once, after playing the last file in the folder, the 



next time I hit the Play button, it played the first file in the folder which was a 
1 kHz full level tone. Ouch!  I think this is just a matter of getting used to it, 
settling down to a normal mode of operating, and not making a change in 
something or other each recording pass.  
 
 
A Zoom Killer? 
 
When the DR-40 was introduced, buzz around the forums was that it did 
everything the Zoom H4n did, for about $100 less. I borrowed an H4n to see if 
that was an accurate assessment. A shootout is beyond the scope of this review, 
but it’s fair to say that they’re quite similar both in features and performance. The 
mics sounded a bit different but there wasn’t a clear winner here. The DR-40 was 
a bit brighter than the H4n, but also had a more solid low end. In the 4-channel 
mode, the Zoom offers recording of four independent mono tracks which could 
be a plus for the songwriter on the road. In addition, the Zoom’s ¼” external 
inputs, when connected to an unbalanced source, present an input impedance 
greater than 50kΩ which makes it usable with a guitar pickup, and its library of 
effects includes several amplifier and stomp box emulations (after all, that was 
Zoom’s original business). As a generalization, I’d say that the DR-40 is the 
better choice for the field recordist and the H4n offers more for the recording 
musician working away from home.  
 
 
Summary 
 
At a street price of $170-$200 the TASCAM DR-40 offers a whole lot of bang for 
the buck. A beginner with modest needs can get good results right out of the box, 
while the seasoned pro or enthusiastic musician can wade toward the deep end 
and find a lot more functionality than you’d expect to hold in one hand. Most of 
the evaluation and initial writing of this review was in Summer 2012, but as I’m 
re-editing and slightly updating it, the NAMM show is just a month away. It’s 
about time for a new crop of handheld recorders.  
 
 
Quick Factlets: 
 

 
• Excellent built-in mics with two stereo configurations 
• Combo XLR-TRS connectors easily accommodate external input sources 
• M-S matrix with width adjustment 
• Dual recording – internal mics and external inputs 
• Dual recording – lower level simultaneous backup recording 
• Sound-on-sound overdubbing  



 
 

 
• Many recording options means many things to check in many places 
• Must stop recording to engage limiter 
• Three batteries (most chargers only charge in pairs) 
• Overdub mode only works with stereo tracks (can’t record four mono 

tracks in four passes) 
• No instrument DI input, no metronome (but there’s a tuner) 

 
 
For further info: 
http://tascam.com/product/dr-40/ 
 


