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In this paper, we present a novel application of acoustic fingerprinting and music signal 
cancellation for the forensic enhancement of audio containing speech masked by background 
music. In law enforcement recordings (particularly in the case of covertly acquired recordings), it 
is common to encounter speech masked by interfering music or a television playing in the 
background. In certain cases, the recorded target speakers turn on their music players or their 
televisions, as they begin to speak, especially when they suspect they are being monitored, in 
order to mask their speech. The loud music drowns out the words or makes the speech of the 
speakers hard to decipher and transcribe. Consequently, the forensic audio enhancement task is 
to reduce the effect of the interfering noise and to bring the voice of the speaker to the forefront. 
 
This is a challenging problem, which requires the following to be precisely identified: the exact 
moment in time, within the file being analyzed, that the song or music begins, and the original 
song or music file that is being played. Once these are identified, a noise- and distortion-robust 
signal cancellation algorithm can be applied to remove or reduce the music while mostly leaving 
the target speech intact. 
 
The applications of acoustic fingerprinting are in areas of identifying tunes, songs, videos, 
advertisements, radio broadcasts, etc. In recent years there has been a proliferation of music 
identification systems such as Shazam (Wang 2003), MusicDNS, AudioID etc. The idea behind 
music identification is that a short track of audio recorded by a user, often in noisy, distorted or 
otherwise poor recording conditions, is sent through to a recognition server for comparison 
against a database of songs. The server then compares the extracted landmarks from this 
recording, compares the landmarks to the pre-indexed database of songs, and selects the most 
probable candidate(s) for the song. If multiple versions of a song are recorded, such as covers by 
different artists, etc., they will be separately indexed.  
 
We propose the application of audio fingerprinting followed by subtraction of the reference 
music track in order to reduce the interference caused by the background music. In this study, we 
use a landmark-based acoustic fingerprinting algorithm (Ellis 2009) in order to perform song 
identification and to obtain the start position of the music. The signal cancellation is performed 
using the normalized least mean squares (LMS) algorithm, primarily used in echo cancellation 
(Benesty et al, 1997). In order to cancel the interfering music, the music file needs to be almost 
perfectly time-aligned to the music in the recording being enhanced. This timing information is 
provided by the landmark-based audio fingerprinting algorithm. A reference-signal-removal 
algorithm can be applied to the original recording with both speech and music. The resulting file 
contains the speech of the target speaker in the foreground and the attenuated music in the 
background. The schema for this application for audio fingerprinting and music signal 
cancellation is shown in Figure 1.  
 



Figure 1 Schema for audio fingerprinting and music signal cancellation 
 

A recording of a speaker with music playing in the background is made acoustically (using a 
microphone). This file is then passed to the landmark-feature-extraction algorithm which 
analyzes prominent peaks in frequencies and the time differences between them (Ellis 2009). 
When considered in pairs, these form the fingerprint of the music file, which is generated and 
compared to a database of similarly obtained fingerprints (Wang 2003, Ellis 2009).  The 
algorithm identifies the most probable matching music track and its onset time in the original 
audio file. The matched and appropriately time-aligned music track is then used as a reference 
input to the LMS-based echo cancellation algorithm, which in turn produces the enhanced audio 
file mostly containing the target speech as an output. An illustration of the spectrogram obtained 
of an (short 4s) utterance, with music cancellation, applied is shown in Figure 2. It can be 
observed how the harmonic content of the music has been removed, and the underlying speech 
has been brought to the forefront.  
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Figure 2 Waveforms and spectrograms of the original signal, subtracted identified music signal 
and the result of music signal cancellation 

This approach will be illustrated using acoustically-recorded noisy speech samples, using a small 
reference database of music signatures, and extensions to other interference sources will be 
discussed. This approach could potentially benefit forensic audio enhancement and transcription 
by significantly improving the intelligibility of the underlying speech. 
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