Digital Recording with Bat Detectors
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Introduction and Purpose of This Article

The array of recorders out there is bordering on the bewildering for the person looking for an
external machine to record bat detector output. This is not really a comparative review of
specific models as it is extremely difficult to do a meaningful review using controlled tests
and also to keep it current, but it will offer some advice and guidelines on choosing a
particular type of recorder and what the available options mean for bat workers.

Models change all the time and we have not had the resources at BCT to buy a huge range
of digital recorders and test them against each other, hence this is a general guideline and
we really need more input from those of you using specific models in the field to tell us what

you |l i ke/ donoét |1 ike and what wor ks oWewll@adds not

in useful comments such as how easy it is to use in the field etc.

I have tried to make this relevant to bat workers. If you have any specific comments,
corrections or useful information on your experiences in the field with current recorder
models, manufacturers, retailers or software compatibility issues please do send them in for
inclusion in future versions of this article. If you come across useful information on how the
different formats, codecs or technology work etc please just send the link to the web site
location or a reference rather than a lot of text. It became clear to me when | began this that
it would never be possible to write a definitive article so | hope this will be a work
continuously updated by the experiences of bat workers on the ground and geared towards
our particular needs. Your feedback on this article will be invaluable in maintaining a useful
resource for other bat workers. Please send any relevant information to me, Jules Agate at
BCT (jagate@bats.org.uk), and please entitle the email Digital Recorders. Please note that |
may not be able to answer each message individually straight away during the busy summer
months. | am a bat biologist and not an expert in digital sound so please bear with me.
Thanks!
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Digital Sound Formats: A Summary

There are various formats of digital sound file that recorders may record into. Uncompressed
sound files are usually in PCM WAV format. Files in WAV format are high quality being near
representation of the original sound. Because they contain a lot of information, these files
take up a lot of memory. The very cheapest portable digital recorders generally do not have a
function that allows recording directly into WAV because the size the files need to be create
problems for the player® file structure but happily the price of those that can have recently
fallen and there has recently been a proliferation of models that can record into
uncompressed digital files via a line-in. These tend not to be as small as the very cheap
portable versions used mainly to play music. Other digital sound file formats include AlFF,
mp3, mp4, WMA, AAC etc. The format refers to the type of audio data inside the file. File
types are reflected in the file extension and refer to the structure of the data within the file so
different file types can use the same format. The codec is the algorithm used to code
information to get it into the particular digital format. A WAV format file has a WAV extension
so the file name Jonghdllowd2039d mewvakidbng | i ke 0

This table adapted from Bruce Fries book (table 12) illustrates this:

Format type Extension Codec

MP3 .mp3 MPEG Audio Layer llI
Windows Media Audio (WMA) .wma Microsoft proprietary
AIFF (Mac) .aif, .aiff PCM

WAV .wav PCM

PCM or Pulse Code Modulation is uncompressed but can be encoded in other formats to
save space. It is a generic format and therefore can be read by most audio software so it is
more compatible than most of the proprietary formats that require specific applications to be
able to read them. This means that most sound analysis software can read WAV files coded
in PCM and it is the default format for digital audio files on PCs but if your recorder is
digitising into a different type of format some software may not be able to read it. BatSound
for example can read PCM formatted WAV but not .wma or .aiff or .mp3. Some software like
Adobe Audition can read or convert most file formats. Some recorders (Hewlett Packard for
example) do code into WAV but not PCM WAV which BatSound and BatScan cannot read.
The best thing to do is to open them up in something like audacity which is free or Adobe
audition which can cope with other WAV types like AIFF WAV and re-save them as PCM
WAV format.

See our Sound Analysis Software factsheet for more information (available to download at
http://www.bats.org.uk/helpline/helpline _learn_echolocation _bat detectors.asp#Factsheet).

Digital Sound and Compression

In order to save space, digital sound files have been compressed over the past few years in
various ways. Mp3 and minidisk formats both use a system of compression called Lossy
audio data compression. This basically works by taking some information out of the file and
converting it using an algorithm or code. Mainly devised for music, the information that is
removed tends to be parts that are not important for human hearing and enjoyment of the
music, so high frequencies and complex sounds are most affected.
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In theory this could affect the quality of the sonograms produced from recording bat calls
from a detector to either minidisk or mp3. In practice, although there may be loss of some
aspects of the signal and artefacts and additional noise may occur, it is still perfectly possible

to analyse simple bat sonograms from recordings that have been compressed to a certain
level. | t woul dnot be applookipgrat detailed chlloparameters, &w forc h
general analysis purposes it is adequate.

There is an alternative in Lossless compression which works by encoding repetitive parts of
a sequence with a series of symbols and equations which do not take as much space as the
original but can be used to recreate it exactly. However, the highest compression rate is only
2:1 whereas Lossy can compress by 10:1 and hence it is usually favoured.

Digital sound quality is measured by the sampling rate measured in kHz, the resolution in bits
and the bit-rate measured in kilobytes per second. CDs with uncompressed sound quality
sample at a rate of 44,100Hz (44.1kHz) 16 bit resolution and with a bit-rate of 1411.2kbps.
Bit-rate refers to how many points the original sound is sampled at in order to digitise it and
the higher rates result in better quality sound and a higher file size. The bit rate is determined
by the sampling rate multiplied by the resolution and the number of channels e.g. CD quality
is 44100Hz x 16bits x 2 channels = 1411200 bps or 1411.2kbps.

Sampling rate is how many times a second the voltage of an analogue sound is measured to

digitise it. Sampling rate affects the maximum frequencies that can be taken in (sampled).

Only frequencies up to half the sample frequency will be digitised properly. Therefore your
sampling rate shoul d be twice as high as your maxi mum
theory) in order for it to be digitised properly. So for bats at 110kHz (lesser horseshoes)

which are reduced to 11kHz by either time expansion or frequency division factor of 10 at the
detector,youdéd want to be alkHzIn theory thia mgans ¢ou gopld deto 2 2
away with a sample rate of 24kHz but in practice the high frequencies are still not sampled

as well as the lower ones in the signal and may be filtered out. For this reason it is
recommended that a digital recorder attached to a bat detector should have a sample rate of

at least 32kHz and up to 44.1kHz to be sure of getting a good representation of the high

frequencies. If a too lower sample rate is used it may distort or lose the higher frequency part

of Myotis and horseshoe calls. A problem caused by a low sample rate is aliasing. If the

sample rate is too low and the higher frequencies cannot be digitised properly, it can look as

if the high frequencies in the call have been sort of folded down over the top of lower ones in

the sonogram. These are not harmonics from the bat or another bat they are purely artefacts

because frequencies higher than half the sampling rate could not be sampled correctly (see

Jon Russd® book 6The Bats of Britain and Ireland f

Resolution is how precisely the binary representation in the digitisation process details the
original audio sound. It is determined by the number of bits (1s and 0s) used in each sample
in the digitisation process to represent the analogue sound. The more bits in each sample
the more accurately each sample matches the original sound wave. High resolutions reduces
distortion and background noise associated with the digitisation process, but it also makes
the files bigger. CD audio quality is 16 bits per sample. Most recorders use 16 or 8 bits.

When sound is compressed it is done using a code or algorithm to remove particular aspects
from it therefore ending up with less data and a smaller file. Minidisks generally use a
compression algorithm called ATRAC (adaptive transfer acoustic coding) developed by
Sony. ATRAC s still used in Sony players but has been improved in the form of ATRACS,
ATRAC3plus and ATRAC Advanced Lossless. Other Minidisk manufacturers such as Sharp
and Panasonic also implemented their own versions. ATRAC's original 292 kbps rate used
on original Minidisks was designed to be ‘close to CD quality’, sonically but was still improved
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later. When minidisks first appeared on the scene, many bat workers were put off by the
potential effects of compression but it soon became apparent that for identifying UK bats
from field recordings they were usually of sufficient quality.

Mp3 (or mp4) is a newer system for compressing sound and part of the MPEG family which
are standards used for coding audio-visual information (e.g., movies, video, music) in a
digital compressed format. Mp3 also effectively takes bits of the original information away
and you can get varying sound quality depending on compression rates and algorithm
encoders. The majority of mp3 players tend to use a bit rate quality of 128kbps to play back
music as most humans find this satisfactory to listen to whilst still allowing a high degree of
compression although compression can be done to a much higher degree with a lower
quality result (down to 8kbps) or to a lesser degree with a higher quality result (up to
320kbps).

Although in general, if the kbps is higher, usually less data are lost and the quality is better,
this is slightly more complicated than it seems because different recorders and different
programs use a variety of algorithms or codecs to encode the sound from analogue or WAV
into mp3 and they may use different formula for compressing sound. This means that some
produce better quality results than others, even at the same kbps setting. It is pretty difficult
to find out what kind of codec is used in the various types of mp3 machines to encode the
sound to mp3 format but current encoders include BladeEnc, Mp3 Producer, Lame, Xing and
MPecker (Mac). Comparisons of the different codecs almost always refer to how it affects
human perception of the sound rather than any measurement of specific parameters such as
the degree of high frequency loss which would be interesting to us as bat workers. The larger
manufacturers do provide on-line manuals that may mention what type of codec they use.

Encoding into mp3 can also be done in different ways including constant bit rate encoding
(CBR) and variable bit rate encoding (VBR). VBR is generally more efficient because it varies
the bit rate depending on how complex the sound is so more complex sounds are sampled
more frequently than parts with very little information in them and so it is more widely used.

The main thing to be aware of is that mp3 file quality may vary between recorders because of
the codec and not just the settings that you choose on your mp3 model.

If you are interested in finding out more there is an easy to read MP3 and Internet Audio
Handbook by Bruce Fries which includes an explanation of how sound is digitised, encoding
and algorithms. For a comparison of the different audio algorithms see Wikepedia
http://en.wikipedia.org/wiki/Comparison _of audio _codecs. For all sorts of things relating to
MPEG see http://www.mpeg.org/MPEG/index.html

Potential Problems with Compression

CDs are encoded at a rate of 1411.2 kbps. Original minidisks were encoded at 292kbps.
Sony's official claim is that later minidisks using ATRAC3plus at only 64 kbps provide a
quality comparable to MP3 at 128kbps (and similar claims are made by Microsoft for
Windows Media Audio format). Although this could again be complicated by which mp3
codec they are comparing it to! Although Mp3 can be anything from 8bps (very compressed)
to 320kbps the same as audio CD, 128kbps is used most frequently for playback as most
people cannot distinguish it from CD quality yet the compression ratio is good. 320kbps is
usually the top quality found in most mp3 recorders and is obviously much better for sound
analysis purposes.
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Some aspects of sound like voice are easier to encode to mp3 or minidisk format than others
so there may be varying quality of compressed audio data depending on the type of sound.
Very fast changes in frequency and complex sounds are more difficult to encode. For an
interesting direct comparison and explanation of the effects of compression by minidisk and
mp3 see the article by Raimund Specht of Avisoft software at www.avisoft-
saslab.com/compression.htm.

Problems that occur in recordings due to compression are generally additional noise
particularly with sounds that are rapidly modulated (like fast FM sweeps) or loss of
information. According to Specht & the available bit rate is not sufficient for encoding a given
signal, the data reduction algorithm has to remove those parts of the sound, that are
inaudible or less important for the human perception. This is done by reducing the bit-depths
in some frequency bands. That procedure may produce additional spurious (quantization)
noise in the decoded signal. Even more sophisticated algorithms as the bit reservoir feature
of MP3 will lead to loss of information or distortion, as soon as complicated sounds last for

more than a few millisecondsoé . I n gener alseribus forsbat sasindswhich ateo o

simple and do not last for very long but rapidly modulated sounds could suffer from distortion
noise. Perceptible distortion has been reported by some bat workers using some mp3
recorders at fairly low quality (128kbps or less).

Ideally when recording to mp3 format, you want to record 16 bit resolution at a sample rate of
44.1 kHz and a bit rate as high as possible. | have an mp3 recorder that samples only at 44.1
kHz and has variable bit rates of 48, 64, 96 128, 160 and 192kbps. | have found that using
192kbps and 164 kbps has produced results that | can analyse satisfactorily. At 128kbps |
have found some noise and artefacts creeping, in as well as loss of information, but it is
difficult to actually quantify it and for example say what percentage of information is lost.

When buying an mp3 recorder it is not always easy to find out what kbps level the recording
via the line in is encoded at, whether the quality can be altered and what options you have
for sample rates and resolution. Tr y t o c¢ hec k ma n u f rdicetbefareeyoudsy.

Some recorders such as the newer models from Creative (Creative Zen V plus) have
switched to wma (Windows Media Audio) compression for their direct encoding file formats.
This is just an alternative format to mp3 but again is based on the Lossy compression and
should deliver similar results.

In the following pictures you can see the results from a recording of pipistrelles recorded in
the same place using a Duet and an mp3 set at 192, 160, 128 and 96kbps (all 44.1kHz)
converted from mp3 to WAV at the same time (these were not recorded simultaneously so it
is not a direct comparison). All were 700ms of sound displayed using the same spectrogram
settings on BatSound.
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Sonogram 1 Duet at 192 kbps
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Sonogram 2 Duet at 160 kbps
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Sonogram 3 Duet at 128 kbps
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Sonogram 4 Duet 96kbps

96 kbps

It is virtually impossible to compare these unless the same recorder was recording the same
pulses from the same bat and different compression rates but in general there does seem to
be more noise associated with 128 and 96kbps.

Choosing a Digital Recorder

Capacity of Recorder and Cards

The capacity that you need in a digital recorder will vary with the format that it uses and the
quality you choose. A 1GB Compact Flash card or drive, for example, will hold approximately
100 minutes of uncompressed CD-quality 16-bit stereo 44.1 kHz WAV audio files. With
most detectors it is not necessary to record in stereo and recording in mono will obviously be
sensible to drastically increase the amount of recorded time you can get into the available
memory.

Formula for uncompressed .wav file size:
Sample rate x resolution x no. of channels x time in secs - bits/byte = File size in Bytes.

So a 1 minute stereo file sampled at 44.1kHz and 16 bits where 1 byte = 8 bits will be:
441000kHz x 16 bits x 2 channels x 60 secs /8 bits/byte = 10,584,000 bytes
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