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Abstract

This paper presents a speech processing platform
which can be used to demonstrate and investigate speech
enhancement methods. This platform is called Speech
Enhancement for Android (SEA), and has been developed
on the Android operating system, available to students,
teaching staff and researchers through the Android mar-
ket. SEA can be used as an additional teaching tool in
undergraduate courses as well as a useful tool to aid re-
searchers in gaining an intuitive understanding of speech
enhancement methods. The focus of this platform is to
present advanced speech processing concepts in a quick
and interactive way on a personal phone or tablet. This
paper outlines the operation of SEA along with how it can
be used to engage students and speech processing profes-
sionals.
Index Terms: Digital signal processing (DSP), analysis–
modification–synthesis (AMS), Android operating sys-
tem.

1. Introduction
Speech Enhancement for Android (SEA) is an educa-
tional tool that has been developed to engage students
studying speech processing or digital signal processing
(DSP) in an attempt to help increase their learning out-
comes. It has been developed on the Android operating
system with the intention of bringing speech processing
principles to the increasingly popular smart phone mar-
ket. In 2011 Android smart phones accounted for 52.5 %
of the global smart phone market share, double that of
2010 [1]. Additionally, SEA supports a wide range of
Android based tablets as they begin to gain momentum
in the global market [2].

The objective of this tool is to provide additional flex-
ibility in the delivery of course content to accommodate
for shifts in generational learning styles and behaviors
[3]. Studies show, that adapting content to suit these
trends can encourage and motivate students to engage in
activities and enhance their learning outcomes [4].

SEA provides a low cost, interactive and enjoyable
tool that brings speech processing principles to the stu-
dents’ personal smart phone or tablet, not only introduc-
ing the student to real world applications for DSP such as

the field of speech enhancement, but also demonstrating
the principles of analysing a human speech signal. These
principles address issues such as stationarity, spectral es-
timation, the role of the magnitude and phase spectrum,
statistical methods for noise removal and the spectrogram
representation of speech.

The remainder of this paper is organised as follows.
The primary elements and functionality of SEA are dis-
cussed in Section 2. Section 3 describes how SEA can
convey the role of the short-time magnitude and phase
spectra on speech intelligibility. Section 4 describes the
speech enhancement principles behind the implementa-
tion within SEA. Section 5 discusses the educational ben-
efits as a result of a preliminary survey and conclusions
are given in Section 6.

2. Primary elements and functionality
SEA allows users to observe four primary elements of
speech processing that can aid in the development of an
intuitive comprehension of content and allow users to
draw connections between theory and real applications.
The four elements are:

1. Frame analysis: the short-time analysis of a speech
signal both in time and frequency domains.

2. Spectrogram representation of speech: the con-
struction of an image representing phonetic struc-
ture of speech across time and frequency.

3. Modification of speech: the role of the magnitude
and phase spectrum in terms of speech quality and
intelligibility, both with different analysis windows
and frame durations.

4. Speech enhancement: enhancing speech which is
corrupted by real life noise sources, e.g., train,
car, jet, babble, restaurant, street, airport and white
noise.

These elements are unified through an interactive user in-
terface (UI), allowing the user to record their own speech,
load some pre-packaged examples or load speech from
a file as an input. After this they can either add noise
of their choosing and commence enhancement, mod-
ify speech using one of two different spectral modifica-
tion techniques or analyse both the short-time magnitude



spectrum and time domain segments of speech. Figure
1 shows a block diagram demonstrating the elements of
SEA, from the acquisition of input speech to displaying
the spectrogram of both the input speech and enhanced or
modified speech.

2.1. Main interfaces

Figure 2 shows three different interfaces the user is pre-
sented upon specific touch interactions. Figure 2 (a) is the
first interface the user is presented upon opening SEA.
There are four primary buttons each assigned to specific
tasks. Starting from the bottom left, the “Record” but-
ton allows the user to record 3 seconds of speech and
upon completion, the recorded speech is transformed into
a spectrogram and displayed in the top view. Next is the
“Enhance” button; upon a touch event, the enhance but-
ton takes user preference settings selected in the configu-
ration menu (see Figure 2 (c)) and performs enhancement
accordingly, producing an enhanced audio file and dis-
playing the enhanced spectrogram. To the lower right of
Figure 2 (a) is the “Modify” button; upon a touch event,
an additional options menu is presented to the user, al-
lowing them to select one of two frequency based modi-
fication techniques. Finally, to the top right of the figure
is the “Frame analysis” button, that upon a touch event
opens a new view (Figure 2 (b)), displaying a frame-by-
frame analysis of the spectrogram, allowing the user to
scroll through the spectrogram selecting a desired frame
to view its time and frequency representations. Figure 2
(c) is the configuration menu, where the user can adjust
all configurable settings.
After audio is loaded all associated images can be saved
and shared among fellow students or colleagues via Blue-
tooth, text messages, personal e-mail, or any other sup-
porting service stored on the Android device.
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Figure 1: Block diagram illustrating the functionality
of the interactive elements within Speech Enhancement.
Each spectrogram is interactive, and upon a touch event
can play the associated audio.

b) c)

a)

Figure 2: User Interface (UI): a) The main user interface
once speech is loaded and enhanced; b) the frame anal-
ysis UI for viewing each frames time and frequency con-
tent; here a male speaker is presented with a 32 ms win-
dow duration, 4 ms frame shift and the hamming widow
used. The user can seek along the spectrogram to se-
lect the desired frame to analyse, and c) the configura-
tion menu, allowing the user to change all configurable
settings.

3. Role of magnitude and phase spectrum
in speech

The role of the magnitude and phase spectrum for speech
intelligibility has been the topic of many research papers,
e.g., [5, 6, 7]. In these studies it has been shown that the
magnitude spectrum is known to contribute significantly
more to the intelligibility of speech then the phase spec-
trum when a 20–40 ms Hamming window is employed
for speech analysis. However, the phase spectrum has
been shown to have a comparable contribution to the in-
telligibility of speech when a low dynamic range synthe-
sis window, e.g., rectangular window, with ≈ 1 s dura-
tion is employed for speech analysis. SEA allows the
user to observe these findings in a quick intuitive manner
by simply changing the analysis–modification–synthesis
(AMS) configuration and modifying the speech with one
of two modification techniques. The two modification
techniques provided are



1. Unit magnitude; and
2. Random phase.

These techniques can be grouped into two categories
which are: phase only reconstruction and magnitude
only reconstruction. By randomising the phase spectrum,
it can be considered as magnitude only reconstruction,
whereby the original magnitude is preserved and the orig-
inal phase spectrum is removed. Similarly, by setting the
magnitude spectrum to unity it can be considered as phase
only reconstruction, whereby the original phase is pre-
served and the original magnitude spectrum is removed.

4. Speech enhancement implementation
The primary objective in the field of speech enhance-
ment is to remove noise from a noisy speech signal
without causing or introducing distortions in the result-
ing speech. A number of speech enhancement algo-
rithms have been proposed in the literature to remove
noise from noisy speech. These algorithms fall into
three categories: 1) spectral-subtractive algorithms, 2)
statistical-model-based algorithms and 3) subspace algo-
rithms. In SEA, only AMS based spectral-subtractive and
statistical-model-based algorithms were implemented.
Spectral subtractive algorithms obtain an estimate of the
clean signal by subtracting an estimate of the noise signal
from the noisy speech, illustrated in Section 4.1, while,
statistical-model-based algorithms aim to estimate a set
of discrete Fourier transform (DFT) coefficients that rep-
resent the clean speech when only measurements of the
noisy speech are observed, illustrated in Section 4.2.

The performance of speech enhancement algorithms
vary depending on the signal to noise ratio (SNR) and
statistical properties of additive noise. For all statistical-
model-based algorithms the noise estimate in SEA is gen-
erated by a Voice Activity Detector (VAD) [8].

4.1. Spectral subtraction algorithm

In SEA, one spectral subtraction algorithm has been im-
plemented. Here, we assume an additive noise model:
y(n) = x(n) + d(n), where x(n) and d(n) are the clean
and noise signals, respectively, y(n) is the noisy signal
and n is the discrete time index. By taking the Short Time
Fourier Transform (STFT), the additive noise model can
be written in complex Fourier notation as

Y (i, k) = X(i, k) + D̂(i, k), (1)

where i refers to the frame index and k is the discrete fre-
quency index. In a practical scenario the noise signal is
not a known quantity so this model uses the noise esti-
mate D̂(i, k) which, in the case of spectral subtracting is
taken as the average of the first six overlapping frames of
speech. Simple transposition of Eq. (1) can be done to
extract a clean speech estimate

X̂(i, k) = Y (i, k)− D̂(i, k). (2)

Figure 3: Spectral subtraction method of speech enhance-
ment; a) clean speech, b) speech corrupted with white
noise at 15 dB and c) enhanced speech. Image generated
by SEA.

In practice, estimation is performed on the magnitude
spectrum only, such that the complex Fourier represen-
tation of the enhanced speech becomes

X̂(i, k) = [|Y (i, k)| − |D̂(i, k)|]ej∠Y (i,k), (3)

where ∠Y (i, k) is the noisy phase spectrum. Seen in
Eq. (3) the resulting enhanced magnitude spectrum
(|X̂(i, k)| = |Y (i, k)|−|D̂(i, k)|) can become a negative
quantity if |D̂(i, k)| > |Y (i, k)|, to prevent this a basic
half-wave-rectification process was implemented as fol-
lows

|X̂(i, k)| =

{
|Y (i, k)| − |D̂(i, k)|, if |Y (i, k)| > |D̂(i, k)|
0, otherwise.

(4)
A well known shortcoming of this procedure is that in-

accuracies in the noise estimate can result in erratic spec-
tral peaks in each frame, which, after signal reconstruc-
tion, result in tonal residual noise known as musical noise
[9]. The effects of spectral subtraction can be seen in Fig-
ure 3, where white noise was added to a clean signal at
15 dB (shown in b) and enhanced using a frame duration
of 32 ms with a 4 ms shift and the hamming window as
the analysis window. Figure 3 (c) shows the enhanced
speech, where the remaining noise is musical in nature.



4.2. Statistical-model-based algorithms

Several other speech enhancement algorithms have been
proposed in the literature based off measured statis-
tical properties of the observed noisy signal. These
methods make some underlying assumptions in order
to derive an estimate of the clean DFT coefficients.
Firstly, the additive noise model presented in Eq. (1)
is again assumed. Secondly, the STFT expansion co-
efficients X(i, k) and D(i, k) are assumed to be inde-
pendent complex zero-mean Gaussian variables, with the
expected power λx(k) = E[|X(i, k)|2] and λd(k) =
E[|D(i, k)|2], where E[·] is the expectation operator. A
detailed description of these assumptions can be found
in [10]. For typical AMS based speech enhancement, an
estimate of the clean magnitude (|X̂(i, k)|) is obtained
from the noisy signal then reconstructed with the noisy
phase as follows:

X̂(i, k) = |X̂(i, k)|ej∠Y (i,k) = Y (i, k) ·G(k), (5)

where

G(k) =
|X̂(i, k)|
|Y (i, k)|

(6)

is the spectral amplitude suppression function otherwise
known as the gain function for the speech enhancement
system. Gain functions are designed to attenuate spe-
cific frequencies of the noisy magnitude spectrum to esti-
mate the clean magnitude spectrum. Several gain func-
tions have been implemented in SEA, each with their
own attenuation spectral shape. These gain functions are
spectral Wiener (SW)[11], Minimum Mean Square Er-
ror (MMSE) spectral amplitude (SA) [10], MMSE log-
spectral amplitude (LSA) [12] and spectral energy (SE)
and are provided below:

GSW (k) =
ξk

1 + ξk
, (7)
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√
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1
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, (10)

where

νk =
ξk

1 + ξk
γk. (11)

Where I0(·) and I1(·) are given as the zeroth and first or-
der modified bessel functions, respectively. The parame-
ters ξk and γk are the a priori and a posteriori SNRs. γk

is calculated by

γk =
|Y (i, k)|2

λd(k)
, (12)

And ξk is calculated using the decision directed method
[10].

5. Evaluation
An in-depth pedagogical evaluation on SEA is currently
being conducted, however, preliminary findings after sur-
veying ten signal processing research students indicated
that 70% of the sample agreed that bringing content to
their own personal device increased motivation and 80%
agreed that the tool was enjoyable and easy to use.

6. Conclusion
This paper presented a useful tool to demonstrate some
foundational and advanced DSP and speech processing
techniques for a classroom or laboratory environment.
Speech Enhancement for Android (SEA) can be placed
into the hands of every student or lecturer for the cost of
basic stationary. It demonstrates speech processing prin-
ciples through an interactive and enjoyable process which
shows potential in maximizing learning outcomes for stu-
dents.
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