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The use of audio recordings of telephone conversations and interviews, as
well as covert surveillance recordings, is'an integral part of law _enforcement.

Such recordings are frequently of poor quality, but they are admissible if they
are intelligible and meet the rules of evidence.

It can be equally important that the recording is, listenable, and that the
iInformation it contains is easily discerned by the jury.

Written transcripts can be vital evidence, and these can only be made with
confidence if the recording is intelligible. Listener fatigue and error rates will
be significantly reduced if the recording can be made more listenable:



Due to exposure of undercover techniques on TV, body recording has
become a risky venture.

Rub downs are common so reliance is now placed on smaller recorders,
with a trade-off in recording quality.

The use of probes is acceptable within strict guidelines. However, you
normally have just one chance to install a probe and you are then at the
mercy of whatever Is happening in its vicinity.

The average home, workplace or vehicle is a generator of acoustic and
electrical noises, many of which are of a continuous and repetitive nature.



Types of noise
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Noise and unwanted sounds may lead to listener fatigue, reducing
transcription accuracy. Reducing or eliminating the noises that.lead to
fatigue aids in obtaining faster, more accurate transcriptions.

Listener fatigue generally takes three forms:

The ear becomes temporarily insensitive to the frequency bands containing
continuous noise, so the listener may miss important signal components.

When presented with loud, unwanted sounds, thedistener may become, distracted
and lose‘concentration, leading to signals being missed.

The listener becomes desensitised to the unwanted sounds and anything of
similar nature. This may lead to transcription errors.
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The cleaning of audio signals for forensic investigation Imposes very

different requirements from those encountered when restoring.audio for CD,
DVD and broadcast.

In the former case, intelligibility is the overriding criterion. In the latter,
listenability iIs paramount. This means that the tools are different for’each.

Some security forces and agencies attempt to improve recordings using
filters and processors borrowed from the mainstream audio Industry.

These can give satisfactory resultsiif the audio is not severely degraded,

They will be inadequate for some of the types/of noise and interference
discussed within this‘presentation.
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Steady-state components are in general- more predictable than changing
content such as speech, so it is possible‘to identify these and filter.them from
the input.

Single channel adaptive filters work best.on low-frequency repetitive noises
such as electrical and vehicle motors, wind noise, hums and low freguency
background speech (babble) in public places. They are good for removing
reverberation and echoes from recordings made in hard-walled
environments such as prison cells.

This filter may offer control of the filter length, and its coefficients may.oe
displayed graphically. It will adapt quickly to the onset of new tones, but not
as quickly when tones disappear from the signal. There may be Attack and
Release controls to fine-tune this behaviour.
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The Lattice Filter
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Using single channel ad

) Use for:

® Single-channel recording
engine noise and/or &

A Do not use fa




Ensure that "Adapt" is ON, set the output mode to "result" and the Mix to
1.00 so that you hear the fully processed output from the filter.

With the Attack set to 2,000ms, increase the filter length. In many, cases, the
graph will show a cusp between a gradient at low filter lengths andta
horizontal profile at medium and high'lengths. Adjust the length 'so that it lies
on this cusp.

Reduce the Attack. In many cases, you will find a‘settingawhere the noise IS
being significantly attenuated and the intelligibility IS improved.

If you reduce the Attack too far, you will hear greater noise attenuation, but the
intelligibility will be reduced

For many recordings, the optimum Attack liesaround 100ms, which means that
you are retaining sounds whose characteristics change on timescales of less
than 100ms, and rejecting sounds that are stationary on scales greater than
100ms.



Experiment with changes in the filter length and Attack until you are
removing the most noise while retaining the most speech possible:

Switch the filter on and off regularly. This will help you to judge the suitability
of the values you have chosen.

If there is a sudden change in the noise, pressing RESET will reinitialise the
Internal coefficients, and the filter will adapt to thenew noiSe prafile.

If the nature of the noise Is changing over timescales of.a few seconds,
reducing the Release time in the Adaptive Filter allows it to ‘unlearn’;its
coefficients and re-adapt to the changing shape of the noise.

This will'help when processing audio contaminated by, for example, vehicle
engine noise, which can change markedly during the recording.



In the CEDAR implementation, there are two output modes provided: the
predicted signal, and the filtered signal. You can vary the output,mix
between the original audio and either of these to maximise intelligibility.

You may find that optimum noise removal is obtained at the expense of the
vowel sounds in the speech. In this case, you may improve matters.hy
adding back some of the original signal. Reduce the Mix from 100% to a
figure that improves the intelligibility without'\reintroducing excessiveé noise.

On rare occasions when the noise is extremely non-stationary.)you may find
It more useful to retain the steady state components (vowel seunds) and
reject the more rapidly varying signal components. To do this, switch;the
output mode from "Result" to "Predicted".

You may lose the plosives and fricatives in the speech, which will also have
adverse effects on intelligibility.



The standard adaptive filter removes strong noise components first and then

adapts to lower amplitude noise. The lattice filter tends to adapt to<all noises
at the same rate.

The lattice filter removes more noise, particularly when the noisé content is
varying quickly or by a large amount. However, it is more prone to removing
the tonal content of speech.

Exceeding the optimum filter length can increase the amount of noise
passed by the filter and may introduce echo artefacts.

You must decide which of the filters offers the best result on a job-by-job
basis.



Villains are aware of surveillance and take steps to avoid it. A typical
scenario involves a group of people turning on the TV to mask their speech.

The Police can anticipate this and set up audio surveillance appropriately.
This will entall putting a probe/bug in the.room and recording itsqutput to
one channel of a recorder. A second recording will create a reference
channel, using a receiver to record the interfering noise “off air”.

It may seem that simple subtraction of the reference channel from the
surveillance signal will eliminate the obscuring noise. This is not.the case;
the directly recorded referencessignal is very different from the obscuring
noise Iin the surveillance signal.

Cross-channel adaptive filters determine which elements of the surveillance
recording are due to.the content within the reference, and which elements do
not, and are therefore deemed to be the wanted signal.
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Setting up a processing chain

L Optimise the processing bandwidth by using the lowest sample rate that
retains the audio bandwidth of the wanted signal.

A In the Process Manager, insert a Time Align module, followed by ithe cross
channel adaptive filter, followed by a Gain module. Use the "solo to all*
facility to mute the reference channel and direct the wanted audio torall
outputs.

r A
# CEDAR Cambridge Process Manager @C.@
Fil=  Help
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Time Alignment
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Demonstration of a X-ch &
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Fine tuning the X-ch ade
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Using Adaptive Filters




Applying compressior




Adaptive filters can make material sound more hissy than before processing.
They can also make speech sound thin'and reedy. Therefore, it is«often
desirable to apply some equalisation to the revealed speech.

Typical settings include low-pass filtering at a few kHz to reduce the"hiss left
after the adaptive process, and gain in‘the region 700Hz - 1.6 KHZ t0
accentuate the speech frequencies.

If the material is very hissy after processing, following the adaptive filter with
a high-quality single-ended noisesreduction algorithm (perhaps beforefurther
equalisation) is suggested.
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Example 1. Mobile phone ir
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When microphones and recorders are used outside their specifications, and
also when batteries begin to fail, various types of distortion will.result. The
resulting harsh sound has increased high frequency content that.is
correlated with the sound but which does not contain wanted information.

This can reduce Intelligibility, and will increase listening fatigue when
monitoring or transcribing the audio.

You require two processes to remove the interference:

Remove the clipping using a dedicated declip algorithm.
If necessary, remove the residual buzz and crackle using a decrackler.



Many telephone recordings are made by holding a small recorderto the
telephone earpiece. As a result, the near speaker is recorded clearly, while
the far signal is of lower signal/noise ratio, limited bandwidth, and
significantly lower volume, leading to it being obscured by local noise.

Three processes are required:

Reduce the background noise using a single, channel adaptive filter ordehisser
(as appropriate) in order to reveal the lower level voice obtained from the

telephone earpiece.

Balance and normalise the velumes of the two voices using a compressor/dimiter.
Use equalisation to improve the presence and intelligibility of the vaice recorded
from the telephone earpiece.



A Many interview tapes suffer from e ical’hum loud enough to ok
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Example 6. Excessive re
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These are limited bandwidth recordings, frequently distorted, made in high
(electrical and acoustic) noise environments. They suffer from loud buzz,
usually with a fundamental of 200Hz or 400Hz, loud broadband neise
caused by airflow over the cockpit, distortion, and electrical crackle.

You need to restore these recordings in many stages, reducing each
problem individually.

Start by using a decrackle algorithm to eliminate the electrical crackle and to
reduce distortion.

Eliminate the buzz induced by the aircraft's electrical system.

Use a single channel adaptive filter to reduce the broadband noise.

Use equalisation to improve the bandwidth and increase intelligibility:



Adaptive filters are important tools for forensic audio processing, capable of
achieving results that cannot be obtained by other methods.

There are at least four forms of adaptive filter, and it is the responsibility of
the user to select the correct one for the task at hand.

Adaptive filters are not universal panaceae, and they often work best In
combination with other audio restoration processes.

It Is Important to be able to hear and adjust the®output from all the subtractive
processes simultaneously. Performing multiple porocesses individuallywill
often produce less than optimum results.

CEDAR Cambridge supports multiple, simultaneous real-time algorithms,
allowing users to construct appropriate processing chains on a job-by-job
basis to perform complex noise reduction tasks.
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Retouch™ - the danc
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Original recording

A “l did not commit that murder” &Q

' CEDAR Retouch @ ﬂ
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Interpolate




First application of Retouch™

A “ldid n_ commit that murder”

£ CEDAR Retouch =)

5000 10000 15000 3500 40000 45000 50000 55000 60000 65000 70000 75000




Second application of Retouch ™

A “ldid — commit that murder”

' CEDAR Rouch — @

10000 15000 20000 25000 3 40000 45000 50000 55000 60000 §5000 70000 75000

Interpolate




Final recording...

L “l did commit that murder” &Q

' CEDAR Rouch — @

35000 40000 45000 50000 55000 60000 §5000 70000 75000

Interpolate
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