
developer to incorporate into their application. Any addi-
tional processing required for synthesis functions is exe-
cuted in a separate processing chain, which eliminates any
computational overhead when synthesis functions are not
required.

Figure 2. Application demonstrating ALF functionality.

The flexible nature of the architecture shown in Figure
3 combined with the low learning curve of Flash allows
developers to rapidly create audio and music-based appli-
cations to serve a variety of target audiences and purposes.
Possible applications include:

� Music-centric games requiring real-time feature ex-
traction to drive the game environment

� Music exploration interfaces that group user li-
braries into categories (emotional, genre, etc.) based
on extraction and comparison of audio features

� Educational activities for enhancing K-12 curricula
in natural science and/or mathematics [12]

Currently, we have several applications developed using
ALF for the purpose of audio-based experimentation, anal-
ysis/synthesis and music-driven games for entertainment,
which we will discuss in the subsequent sections.

4.1 ALF Workbench

Figure 2 demonstrates the ALF Workbench, which allows
developers to interactively experiment with different au-
dio files and some of the functions available in ALF. The
left panel of the interface showcases the spectral features,
which are updated during audio playback and can be ex-
ported in a CSV file when the file completes. A pitch wheel
is also shown, which allows the user to determine the chro-
matic notes present in the spectrum of tonal audio. The
right panel of the work bench features the room reverb and
phase vocoding functions. The reverb interface allows the
user to manipulate the positions of the source and listener
in a virtual room to simulate immersive environments.

Figure 4. Sound analysis-synthesis app showing linear
predictive analysis and magnitude spectrum of speech.

4.2 Beat-Sync-Mash-Coder

Recently, so-called artist “mashups”, blending two or
more songs in a creative way, have emerged as a popular
form of expression for musicians and hobbyists. To this
end, the Beat-Sync-Mash-Coder is a tool developed for
semi-automated, real-time creation of beat-synchronous
mashups [13]. This application utilizes the beat-tracking
and phase vocoding functions available in ALF along with
an intuitive, Flash-based GUI to help automate the task
of synchronizing various clips without the complexities
incurred with traditional digital audio workstations. The
Beat-Sync-Mash-Coder is capable of sustaining real-time
phase vocoding on 5-9 audio tracks, depending on the
available hardware, thus allowing the user to create dy-
namic, intricate and musically coherent soundscapes.

4.3 Sound Analysis and Synthesis Application

The application depicted in Figure 4 uses ALF’s analy-
sis and synthesis capabilities to perform linear-predictive
analysis on speech signals in order to re-synthesize it using
different excitation signals. Linear prediction coefficients
are extracted at each frame using the Levinson-Durbin re-
cursion to obtain a time-varying model of the vocal tract
[14]. The user can then simulate the effect of various exci-
tation sources by using ALF’s filtering function to sample
the vocal tract with impulsive, noisy or mixed-spectra sig-
nals.

4.4 Applications For Music-Driven Gameplay

We present two novel music-driven games which resulted
from a collaboration between departments at our univer-
sity. Both games harness MIR functionality in ALF to cre-
ate unique and immersive gameplay experiences.

4.4.1 Pulse

Pulse is a musically reactive, side-scrolling platform game
that utilizes a player’s personal music collection to drive
the gameplay. Unlike other music games, which rely on
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Figure 3. Typical implementation of an application using ALF.

off-line audio analysis to determine the gaming environ-
ment, Pulse utilizes ALF functionality to update the game
environment in real-time, mapping the quantitative fea-
tures extracted from the audio to changes in the game’s
environment variables. This concept increases the replay
value of Pulse, since the gamer’s experience is limited only
by the number of tracks in their music library.

By employing ALF’s frame-based processing structure,
ALF maps features extracted from the user-selected au-
dio to environment parameters so they are updated in sync
with the user-specified frame rate. To permit ample render-
ing time for the graphics, a “frame-look-ahead” parame-
ter is specified which delays audio playback while features
are accumulated from ALF functions. Game environment
variables that react to changes in the game’s audio include
the background scenery, enemies and obstacles of the Pulse
character as well as the slope of platform supporting the
character. The effect of the audio on the gameplay is ev-
ident in Figure 5 where (a) shows the game screen when
there is no audio playing and (b) is typical realization of
the parameter mapping to game output.

4.4.2 Surge

The concept behind Surge is to facilitate exploration of
one’s own music library though an interactive, DJ-style
beat matching game. This expands the concept of audio
feature-based gaming environments to include tempo anal-
ysis and modification of the game’s music. Whereas game-
play in Pulse depends on audio features to dictate the envi-
ronment, Surge uses game environment parameters to alter
the audio in real-time.

The Surge game environment, shown in Figure 6, con-
sists of planets that represent songs the player has provided
from their music library. Each song is analyzed with ALF’s
beat tracker function so that the planet is associated with a
song tempo. The game audio depends on which planet the
player is on and their proximity to nearby planets. As the
player nears a new planet, they will hear the music asso-
ciated with the new planet. In order to move from planet-

(a)

(b)

Figure 5. Pulse game environment during static (a) and
dynamic (b) moments in the game’s music.

to-planet, the player (by moving their character) must ad-
just the rotation of their current planet (altering tempo and
beats of the song) to match that of the target planet. That
is, the music tempo is adjusted using ALF’s phase vocoder
according to the planet’s rotation, which is dependent upon
the player’s actions in the game environment.

5. FUTURE WORK

There are several features we would still like to add to ALF
including spectral contrast features and other less com-
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Figure 6. Surge game environment.

monly used statistical spectrum descriptors. The most sig-
nificant component that would augment the usefulness of
ALF for the music-IR community would be classification.
There are many open source classification libraries avail-
able to perform common classification methods such as
GMM, SVM, and naive Bayes classification that can be
integrated into the current framework.

We will continue to emphasize the real-time capabili-
ties of ALF and optimize the algorithms and architecture
to ensure additional algorithms operate in real-time. The
newest version of the Flash Player (10.1) will allow byte
level access to the audio input creating potential for even
further user interaction via real-time analysis and process-
ing of voice/music input to a microphone or other audio
device connected to a computer.

6. CONCLUSIONS

The Audio processing Library for Flash affords music-IR
researchers the opportunity to generate rich, interactive,
real-time music-IR driven applications. The various lev-
els of complexity and control as well as the capability to
execute analysis and synthesis simultaneously provide a
means to generate unique programs that integrate content
based retrieval of audio features. We have demonstrated
the versatility and usefulness of ALF through the variety
of applications described in this paper. As interest in mu-
sic driven applications intensifies, it is our goal to enable
the community of developers and researchers in music-IR
and related fields to generate interactive web-based media.
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