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Abstract 

This thesis discusses the development of a software tool called SAMS (Speech Analysis, 
Manipulation and Synthesis), which can be used for research on the perception of speech. The 
research approach that is used in the tool is to create deleted-cue and conflicting-cue stimuli 
from prerecorded naturally uttered speech. These created stimuli may be used in experiments 
to evaluate the perceptual importance of the various cues. 
SAMS implements techniques for manipulating speech in both the time domain and the joint 
time-frequency domain. Jn the time domain, intervals can be selected within two time domain 
speech signals which will be processed at the same time. These selected intervals may then 
be deleted or exchanged in order to create respectively a deleted-cue or conflicting-cue 
stimulus. As for the joint time-frequency domain, SAMS offers the possibility to transform 
two time domain signals to the joint time-frequency domain by calculating their short-time 
Fourier transforms (STFfs). Optionally, the STFfs can be aligned at some point in time. 
Within the resulting magnitude spectrograms, a rectangular area may be selected for further 
processing. As with the intervals in the time domain, these areas in the magnitude 
spectrograms may be deleted and exchanged, but also added. There is also the possibility to 
apply a two-dimensional lowpass or highpass filter to these areas, extracting either large or 
fine scale magnitude-spectrogram structures. This enables the user to create stimuli containing 
large scale structures from one utterance and fine scale structures from another utterance, or 
just one of these types of structures. Conventional magnitude spectrograms may be converted 
to an 'auditory' spectrogram to perform the filtering in a perceptually relevant domain. 

STFfs can be calculated using variable-length Hanning or Hamming windows with variable 
window shifts to obtain an optimal time-frequency resolution. The two-dimensional lowpass 
filter is implemented as a smoothing of the spectrogram in both dimensions time and 
frequency, with either a Hanning or Hamming window. The highpass filter is implemented 
by simply taking the difference magnitude spectrogram of the original and its lowpass filtered 
version. The conversion to an 'auditory' spectrogram is done by using a logarithmical 
amplitude scale and by using the Equivalent Rectangular Bandwidth (ERB) scale instead of 
the linear frequency scale. Because the created magnitude spectrograms will (in general) have 
no time domain equivalent, the conventional inverse STFf cannot be used to construct a 
signal to which one can actually listen. An approximation has to be made of a signal of which 
the magnitude spectrogram resembles the created (and desired) magnitude spectrogram. The 
Least Square Error Estimation from Modified Short Time Fourier Transform (LSEE-MSTFf), 
developed by Griffin and Lim is used for this purpose. This method estimates a signal (from 
a modified STFf and the corresponding phase) of which the magnitude spectrogram is closest 
to the desired one in the least square error sense. Optionally, the LSEE-MSTFTM method 
(also by Griffin and Lim) may be used to estimate a signal from just the magnitude 
spectrogram. 

This thesis presents the used signal processing techniques and their implementation in a user 
friendly software system, equipped with a X Window graphical user interface. 
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1 Introduction 

This thesis describes the results of my activities during my graduation project at the Institute 
for Perception Research in Eindhoven. This project concludes my studies of Information 
Technology at the Eindhoven University of Technology. 

At the Institute for Perception Research (IPO), one of the main research topics is the human 
perception of speech. IPO PhD student and graduation project attendant Roel Smits is 
currently doing research on the human perception of (prevocalic) stop consonants. One of the 
aims of his research is to evaluate the importance of various detailed and global cues for the 
perception of these stop consonants. The approach he uses to determine this perceptual 
importance is to synthesize stimuli, in which some cues were modified and then observe their 
perceptual change. 

Two ways are used to modify the cues of an utterance. The first is to delete one or more cues 
from a stimulus, creating a "deleted-cue stimulus". The second way is to create "conflicting
cue stimuli", by either removing some cues and replacing them with cues of a different 
stimulus, or just adding cues of the different stimulus. 

The deletion or replacement of acoustical cues can be done both in the time domain or in the 
joint time-frequency domain. In the time domain, stimuli may be created by deleting or 
replacing time intervals of a signal. For example, a common procedure in the study of stop 
consonants is to create no-burst, burst-only and mixed-burst stimuli. 

In the joint time-frequency domain, similar operations can be performed by removing, 
replacing or adding rectangular areas of spectrograms. These parts may also be filtered to 
separate them into large-scale and small-scale spectrogram structures. By combining the 
global spectrogram structure of one stimulus, with the small-scale structures of another, the 
perceptual importance of these structures may be examined. 

Since the procedure for creating the discussed stimuli is rather complex and requires a rather 
large knowledge of signal representation and processing, ir. Roel Smits had the idea to 
develop a user friendly software tool to interactively create these stimuli, without having to 
know all the details about the used signal-processing techniques. The author, who had been 
working before on the development of simple software tools for the same purposes at IPO, 
was asked to develop the software tool as a graduation project. 

Resuming, the tool should meet the following requirements, for processing speech in the time 
domain: 

1. The tool should offer means to select an interval within a time domain signal. 

2. It should be possible to normalize the signal's amplitude. 

3. There should be possibilities to remove, replace or mix these intervals, to obtain 
new signals. 
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For the processing of signals in the joint time-frequency domain, the requirements are: 

1.First of all, it should offer the possibility to analyze a time domain speech signal, 
i.e. compute the phase and magnitude spectrograms of the signal. 

2. Secondly, the user should be able to select some rectangular area within a 
magnitude spectrogram. 

3. It should be possible to convert conventional spectrogram to 'auditory' spectrograms. 

4. There should be programmable two-dimensional filters to separate the selected area 
of the spectrogram into global and detailed structures. 

5. The tool should be able to mix different filtered spectrograms, to obtain a new 
spectrogram, containing information of both the originals. 

6. The tool should offer means to synthesize time-domain signals from these modified 
spectrograms. 

7. The last requirement, which also holds for processing in the time domain, is that 
there should be a possibility to display results graphically and play them back. 

Obviously, the development of such a large software tool would be very complex and time
consuming. That is reason why we decided, in consultation with professor Rene Collier, to 
ask dr. ir. Huub van de Wetering from the Computer Science faculty of the T.U.E. for advise 
and supervision on the aspects of software engineering during the project. 

Chapter 2 of this thesis will introduce the reader to the theoretical aspects of processing 
speech in the time domain and in the joint time-frequency domain. Chapter 3 will explain the 
development of the software tool according to the software life cycle model and present some 
of the required algorithms. In chapter 4, some suggestions for future research and 
improvement of the tool are given. Finally, the appendices will give the technical information 
on the software tool and will present the software-engineering documents that were written 
during the project. 
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2 Speech processing 

In this chapter, an introduction to the theoretical aspects of processing speech in the time 
domain and in the joint time-frequency domain (JTFD) is given. Paragraph 2.1 will start off 
with the time-domain processing. In paragraph 2.2 the JTFD-processing is treated. 
Furthermore, some concepts like Equivalent Rectangular Bandwidth and amplitude 
normalization are explained. 

2.1 Time-domain speech processing 

Processing speech signals in the time domain, means in our context that we will be 
performing the following operations: 

Normalizing the amplitude of a signal, 

selecting an interval within it, 

windowing out these intervals and 

making various types of combinations using the windowed signal portion and the 
remaining parts. 

These combinations may be the conflicting-cue or deleted-cue stimuli we want to use in 
perceptual experiments. 

2.1.1 'Cut and paste' 

In the time domain, we want to be able to replace or delete a time interval of a speech 
waveform. Using this method, we will be able to create a deleted-cue or conflicting-cue 
stimulus. 

When 'cutting' a signal, we do not want to simply cut out some interval and surround it by 
zeroes. Using this method would often lead to audible clicks in the signal if the interval 
boundaries were not exactly positioned at a zero crossing of the signal. In general, choosing 
arbitrary interval boundaries to cut out a signal, will result in discontinuities. In order to avoid 
these discontinuities and accompanying clicks, we will cut out intervals by multiplying the 
waveform with a special cutting window. 

The window that will be used for the cutting, will have a variable length and will have half
Hanning ends, which go monotonically from value one to zero. This type of window will 
make sure that the windowed-out signal portion will have a gradually descending amplitude 
in which no clicks are audible. The cutting window will be positioned on the waveform in 
such a way that the cutting points coincide with the points of the window where it's height 
is%. 
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Formally, the window c[m] with length Lc, is defined in the following way: 

c[m] =O 
1 1 . 27Tm c[m] =- +-sm(--) 
2 2 Lll -1 

c[m] =1 

[ ] _1 1. (27T(m -(Lc -l))) c m -- --sm -----
2 2 Lll -1 

c[m] =O 

for m E [ -oo .. (-Ln+4) -1] 

for m E { -Ln+4 .. Ln+4] 

for m E [(Ln+4) +1 .. Lc -2 -(Ln+4)] 

for m E {Lc -1 -(Ln+4) .. Lc -1 +(Ln+4)} 

for m E [Lc +(Ln+4) .. oo] 

(1) 

The length Lc of the cutting window is measured from the two points where its value is 112. 
4t is the full length of the Hanning window. Cutting an interval i[m] of length Lc out of 
speech signal x[m], at starting position S in the original signal, can now be formally 
expressed as: 

i[m] = x[m]c[m -SJ (2) 

When two input speech signals, say A and B, are used and in both signals some interval is 
selected, then there are several possible ways to combine these two signals into a new signal. 
Before describing these possible result types, we will first introduce a formal way to describe 
these signals. 

In general, there will be two initial waveforms that will be used to form new signals. These 
two initial waveforms will be denoted as A and B. Both A and B should be considered as 
being functions which are discrete in both time and amplitude, which describe a waveform 
in some finite time interval. Within such a waveform, exactly one interval can be cut out with 
the tool. For A this interval will be called a, for B it will be called 6. Note that a and 6 
represent intervals that are windowed by the cutting window. 

When, for example, an interval ex, originating from the A waveform, is added to (or 
subtracted from) the other waveform B, then it will always be placed at the position where 
the 6 interval was defined. Since a and 6 will generally differ in length, we have to define 
the positioning of the intervals more precisely. We will use either one of the following ways. 
The first way is to position the a interval in such a way that the left boundaries of the a end 
6 intervals coincide. The other option is the align the right boundaries of the intervals. To 
express this left or right alignment in the description of the result types, we will denote an 
a that is aligned to the left boundary of a 6, by an a enclosed in square brackets with a dot 
to the left of a: [.a]. Likewise, a right boundary aligned a will be denoted by [a.]. 

We now want to be able to make new signals by removing, replacing or adding intervals to 
the waveforms. The combinations of interest are listed below. 

4 

A 
a 
A-a 
A - [.6] 
A - [6.] 
A - a + [.6] 
A - a + [6.] 

B 
6 
B - 6 
B - [.a] 
B - [a.] 
B - 6 + [.a] 
B - 6 + [a.] 
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In reading these result types, the reader should notice that the + and - operations are defined 
as the summation of the individual corresponding sample values of the signals. The result 
types A and B may seem trivial cases, but in practice, it may be useful to be able to define 
an interval and then store the result for later use. 

2.1.2 Amplitude normalization 

When adding digital signals, coded with a finite number of bits, there will generally be no 
guarantee that the result of the addition does not exceed the maximum value that can be 
represented with the available number of bits. In order to avoid this clipping problem, 
amplitude normalization can be used. The normalization is done, by scaling the amplitude 
values of the signal to a level, such that the largest amplitude value in the signal equals half 
the maximum possible value. Obviously, addition of two signals in which the largest 
amplitude value is equal to half the maximum value can never lead to clipping in the result. 

Amplitude normalization also provides a means to cancel differences in loudness between two 
signals. When, for example, one of the two signals has been recorded at a considerably higher 
level, this could lead to undesired effects in the resulting signal. With the use of normalization 
this can be avoided. Formally, the normalization can be expressed in the following way: 

2b -2 -1 
x1mJ = x[m]---

MAX(x[m]) 
(3) 

in which x'[m] denotes the amplitude normalized version of x[m], bis the number of bits the 
samples are coded in and MAX(x[m]) is a function which returns the maximum sample value. 

2.2 Joint time-frequency domain speech processing 

This paragraph will deal with the processing of speech in the joint time-frequency domain 
(JTFD). In a similar way to processing in the time domain, again so-called conflicting-cue 
stimuli can be created by combining processed JTFD representations of speech. Also, deleted
cue stimuli can be created by removing parts of the joint time-frequency representation of the 
signal. The operations that the user should be able to perform in this domain are: 

Normalize the amplitude of a time-domain signal 

Analyze a selected interval of a time-domain signal, i.e. compute the STFT 

Convert the obtained magnitude spectrogram (STFTM) to an 'auditory' spectrogram 

Select a rectangular area within a STFTM 

Filter the area along the time dimension as well as along the frequency dimension, 
resulting in either global or detailed structures 

Create new STFTMs, by combining (parts ot) different, processed STFTMs 
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Synthesize time domain waveforms from the created STFfMs. 

Paragraph 2.2.1 will first give an introduction to the spectrogram, a useful JTFD 
representation. Paragraphs 2.2.2 and 2.2.3 will discuss the necessary time-domain 
preprocessing and the actual JTFD processing techniques. 

2.2.1 The Short Time Fourier Transform 

When speech signals are to be analyzed, a conventional analysis method like the Discrete 
Fourier Transform (DFf) is often not very helpful. The reason for this is, that the DFf only 
applies to stationary signals while speech is characterized by its non-stationarity. 

A better way to gain insight into the time course of the distribution of energy in the frequency 
spectrum, is to transform the speech signal to the joint time-frequency domain (JTFD), using 
a short-time Fourier transform (STFf). 

In short, the STFf or spectrogram is calculated by taking small overlapping intervals of a 
signal and performing the conventional Discrete Fourier Transform (DFf) on these intervals. 
If the intervals are small enough, the small part of the signal may be considered to be more 
or less stationary and the use of the DFf is justified. 

Analysis 

Next, we will discuss the actual calculation of the STFf. We will start off with the equation 
for Fourier transformation of continuous non-periodic signals: 

+00 

XJt) = jxJt) e -jwtdt (4) 

in which Xe( w ) represents the Fourier transform of the continuous time signal xc(t) and w 
and t represent the continuous radial frequency and time. The j represents the complex unity. 
The inverse transformation is defined by: 

00 

xc(t) = 2~ jxJ UJ)ejwtdUJ (5) 

-00 

Since, in practice, we will be using time-discrete signals, we will have to use the discrete 
equivalents of the above equations. These equivalents are the N-point Discrete Fourier 
Transform (DFf) and it's inverse, the IDFf (Rabiner and Schafer, (12]). The discrete N-point 
frequency spectrum X[k] of the discrete time-domain signal x[m] can be calculated with the 
use of equation (6). 
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N-1 -j2rrkm 

X[k] = ,,Exfm]e N (6) 
m=O 

where mis the discrete time index and k is the discrete frequency index. The inverse DFf 
is given by: 

N-1 .2rrk J J- m 
x[m] = - ,,EXfk]e N 

Nk=0 

(7) 

Note that both X[k] and x[m] consist of exactly N points and that X[k] represents one period 
of the periodic spectrum. 

The DFf values X[k] are complex numbers, which can be written as a magnitude jX[k] I and 
a phase Arg{X[k]} in the following way: 

/X[k] / = vke 2{X[k]} + Im 2{X[k]} 

cf>[k] :: Arg{X[k]} 

cf>[k] :: Arg{X[k]} 

= arctan(lm{X[k]}) 
Re{X[k]j 

= arctan(lm{X[k]j) 
Re{X[k]j 

+ 7T if Re{X[k]}<O) 

if Re{X[kj}?:.0) 

(8) 

(9) 

where Re{X[k]} is the real part and lm{X[k]} is the imaginary part of the complex X[k]. 

As said earlier, the STFf will be calculated by transforming small intervals of the signal, 
which will be considered to be stationary. The small overlapping intervals will be extracted 
from the signal by multiplying it with a small window. There are many possible windows that 
can be used for this purpose, but we will restrict ourselves to the Hanning and the Hamming 
window. The Hanning window wHn[m] of length Lim is defined as: 

for m E [ -Lun + 2 .. Lun + 2) 

for m ff [ -Lun + 2 .. Lun + 2) 

In a similar way, the Hamming window wHiu[m] of length Liim is defined as: 

wunJm] = 0.54 + 0.46cos( 27Tm ) 
Lum -1 

for m E [-Lum + 2 .. Lum + 2) 

for m ff [-Lum + 2 .. Lum + 2) 

(10) 

(11) 

With the definition of the DFf and the window shapes, we can now write down the 
expression for the short time Fourier transform X0 [k], with N discrete frequency points 
(Rabiner & Schafer [12]): 

+oo -j 2rr km 

Xnfk] = ,,E w[nS -m]x[m]e N (12) 
m=-oo 
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In this expression, k denotes the discrete frequency index, m denotes the discrete time index 
for the time signal x[m] and n denotes the time index for the STFf. The function w[m] can 
be either one of the Hanning or Hamming window as defined earlier and the index S is the 
size of the window shift. 

By varying the length L of the analysis window, the resolution of the spectrogram can be 
varied in both dimensions, time and frequency. Using a short window length will result in a 
high time resolution of the spectrogram and a poor frequency resolution. Using such a short 
window length will result in a spectrogram which is sometimes referred to as a wide-band 
spectrogram. 

When a high frequency resolution is desired, the length of the window should be increased, 
resulting in a so-called narrow-band spectrogram, with high frequency and poor time 
resolution. For speech signals, a short window length would be approximately 6 ms. Large 
window lengths are in the order of 25 to 40 ms. 

zero padding 

In practice, we may want to vary the length of the analysis window we use, to obtain an 
optimum in frequency and time resolution, while we still want to have a fixed number of 
discrete frequency points in the individual spectra of the spectrogram. A way to achieve this, 
is to use the zero-padding technique (Rabiner and Schafer, [12]). The basis of this technique 
is the property of the N-point discrete Fourier transform, that a finite-length time signal of 
N points will result in a spectrum with also N points. 

Suppose we would like to have a spectrum with N=512 points, but for reasons of resolution 
and assumption of stationarity, we restrict the length of our analysis window to 100 samples. 
Now, an easy way to obtain a 512-point spectrum, is to append or pad zeroes to the end of 
the 100 point interval until we have a 512 point signal. Transforming this signal will result 
in the desired number of frequency points, without having changed the shape of the spectra 
that would be obtained without the use of zero padding. The reader must note, however, that 
the effective resolution or 'amount of information' of the spectrum has not improved by using 
this way to get more frequency points in the spectrum. The discussed technique is in fact just 
an easy way to interpolate a spectrum with originally 100 points, to a spectrum with 512 
points. 

Synthesis 

If we want to reconstruct or synthesize the time signal from a spectrogram, we can do this 
by using the Short Time Overlap Add (STOLA) method. Before we start with this method, 
we will generally need to recalculate the real and imaginary part of the STFf from its 
magnitude (STFfM) and phase (STFTP) spectrograms. This can be done by applying the 
following formula to the magnitude and phase components. 

Xnfk] = (Xnfk] /ejArgfX.fkJJ (13) 

In the STOLA method, the conventional inverse DFf is used to reconstruct the original small 
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windowed parts of the time signal and then these overlapping parts are added to recover the 
original signal. The small windowed parts w[nS-m]x[m] are obtained by using equation (14). 

J N -1 j2rrkn 

:inf ml = - £Xnfk]e N = w[nS -m]x[m] 
N k=O 

(14) 

Adding these small parts results in: 

n = +oo n=+oo 
:i[m] = I; :infm] = I; w[nS-m]x[m] = x[m] I; w[nS -m] (15) 

n=-oo n= - oo n=-oo 

The original signal x[m] can now be recovered by dividing the result of (15) by the sum of 
all shifted versions of the analysis window w[m]. 

+oo 

:i[m] 
x[m] L w[nS -m] 

x[m] n =-oo (16) - +oo 
I;wfnS -m] I;wfnS -m] 

n =-oo n =-oo 

Equation (16) may only be applied if the condition is satisfied, that the sum of the windows 
does not equal zero for any m. 

Equation (16) can be simplified considerably, if we choose the analysis window in such a way 
that the sum of all shifted windows equals 1. The expression then becomes: 

+oo 
x[m] = :i[m] = I; w[nS -m]x[m] (17) 

n =-oo 

Because optimum speed is desired in the design of the software tool, we will implement this 
simplified expression. This means that the analysis windows we are using should satisfy the 
condition that the sum of their shifted version is constant and equals one. In order to achieve 
that this sum signal is constant, we make use of the property (which both the Hanning and 
Hamming window possess), that the sum of their shifted versions is constant, if the shift is 
no larger than one fourth of the window length: 

+oo 

n = - oo 

+oo 

n=-oo 

if SS.J_LHn 
4 

if Ss.J_LHm 
4 

(18) 

In order to let this constant C equal 1 and thereby satisfy the condition, we have to divide the 
windows as defined in (10) and (11) by this constant. With these requirements, we can 
redefine the analysis windows for practical use: 
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LHn +2 
for m E [ -LHn + 2 .. Lnn + 2) 

J: w[nS] 
n =-LHn +2 

for m ~ [ -LHn + 2 .. Lnn + 2) 

0.54 + 0.46cos( 27Tm ) 
LHm -] 

LHm+2 

J: w[nS] 
n =-LHm +2 

2.2.2 Time-domain preprocessing 

form E [-LHm + 2 .. LHm + 2) 

for m ~ [ - LHm + 2 .. Lnm + 2) 

(19) 

(20) 

Before the previously discussed analysis and synthesis methods can actually be applied to 
speech signals, some time domain preprocessing is necessary because of the nature of the 
spectrogram processing techniques that will be used. 

Interval analysis 

When we want to create artificial stimuli, by processing speech in the joint time-frequency 
domain, we will generally want to transform just a rather small interval to the JTFD. That is 
why a possibility was built into the tool, to set some markers in the speech signal, which 
define the interval that should be analyzed. 

Aligned analysis 

When two speech signals are analyzed in order to process and combine their spectrograms, 
it may be important to be able to align certain points in time. That is why an aligned analysis 
was developed. With this modified analysis method, a marker can be placed within both time 
domain signals to specify the alignment point. Using such an alignment marker has two 
effects: 

-The analysis will be done such that one of the analysis windows will be centred at 
the marker position. 
-The short-time Fourier transforms will be aligned at the marker position. 

This method might for instance be used to align the burst onsets of two spectrograms at some 
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point in time. 

In order to achieve that the center of an analysis window coincides with the selected point 
in time, the center of the first window will generally have to be placed on a sample before 
the first sample of the actual signal. If the selected sample in time for alignment is called II\i. 
then the sample number lllo on which the first window should be centred can be found with: 

(21) 

The synthesis procedure to reconstruct signals that were analyzed using this aligned analysis 
should be modified slightly. With the inverse DFf, the first windowed interval is 
reconstructed from the first spectrum in the spectrogram. The first I mo I samples in this 
interval, lie to the left of the original point with time index zero and should therefore be 
discarded. 

Amplitude normalization 

As with the time domain processing, a means for amplitude normalization will also be 
provided for the processing of signals in the joint time-frequency domain. Again 
normalization can be used to cancel differences in sound level between two signals and to 
avoid clipping problems. 

2.2.3 Spectrogram processing 

This paragraph will discuss the actual purpose of the software tool, as far as processing in the 
joint time-frequency domain is concerned. The general idea is to be able to create 
conflicting-cue and deleted-cue stimuli by changing their spectrogram characteristics. The way 
in which these characteristics can be changed, is to either simply delete or exchange 
rectangular areas in the spectrogram or separate (part ot) the spectrogram into large and small 
scale structures, by using two-dimensional lowpass or highpass filters. After this separation, 
structures of different spectrograms may be combined to obtain conflicting-cue stimuli or 
structures may be omitted to create a deleted-cue stimulus. 

Pre-filtering conversions 

Before a two-dimensional filter is applied, spectrograms can optionally be converted to 
"auditory" spectrograms. This means that they are transformed into a form which is more 
representative for the human auditory system. 

The first operation that can be applied, is to convert the magnitude spectrogram from the 
linear amplitude scale to the decibel scale. This is done because in the human perception of 
spectral shape and loudness, amplitude is treated approximately in logarithmic fashion. In this 
way, the used filtering method will not disturb the relation between the perceptual relevance 
of different amplitude levels. 
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The spectrogram with logarithmic amplitude IX0dB[k] I can easily be calculated from the linear 
amplitude IX0 [k] !with the following equation. 

(22) 

The original spectrogram can be reconstructed with the use of equation (23). 

/Xnfk] / = lO}o /X•dkJ/ (23) 

Equivalent rectangular bandwidth 

A second conversion that can optionally be done, is to convert the magnitude spectrogram 
from the linear frequency scale to the ERB scale. ERB stands for Equivalent Rectangular 
Bandwidth and gives the spectral resolving power of the hearing system. 

The ERB scale is defined in equation (24) (Glasberg & Moore, [3]): 

1 
VERBifHz) = 21.4logl0(1 + 2ifnz) (24) 

where vERB(fHz) is the ERB value which corresponds to the linear frequency value fHz
lnversely, the linear frequency fHz can be found with: 

(25) 

Figure 1 illustrates the effect of displaying one and the same (arbitrary) spectrum on both the 
linear frequency scale and the ERB scale. 

t 
~ A~·F li"t><de 

~ 
1; 
"1; 

·- - l - 1 ~ ··:r '•:«:li:-.c./ 
~ E:?..13 ~ ( , ·,/ e c. / 

c -4 f 
Figure 1. An arbitrary spectrum displayed twice in the same graph, once on a linear 
frequency scale and once on a linear ERB scale. 
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Figure 1 shows that the original spectrum is stretched for lower and compressed for higher 
frequencies. Looking at the spectrum on the ERB scale, we can see immediately that e.g. a 
formant with a bandwidth of 200 Hz will be conveyed as a global structure at low frequencies 
and as a detailed structure at high frequencies in the auditory spectrum. If such an ERB-scaled 
spectrum is smoothed by convolving it with a window, then the ERB scaling automatically 
compensates for the resolving power of the hearing system. 

In practice, the spectra that are to be converted, will consist of a finite number of discrete 
frequency points N, equally spaced in the range from zero to half the samplerate. In ERB's, 
this interval, also divided in N points, can be written as: 

[O .. VERB(f /2)] (ERB) (26) 

For the stepsizes between these discrete points, L\ERB in the ERB domain and L\Hz for the 
linear domain we can write: 

L\ERB 
VERB(f/2) 

N-l (ERBs) 
(27) 

L\Hz 
f/2 ---
N-1 

(Hz) 

Because the discrete frequency points kL\ERB and kL\ 8 z (kE[O .. N-1]) will generally not 
coincide, we will have to use linear interpolation to estimate the amplitude value at each of 
the N discrete points in the ERB domain. 

Aliasing 

When a linear frequency spectrum is converted to the ERB domain, one must always be 
careful with distortion due to aliasing in the resulting spectrum. Aliasing might occur as a 
result of the fact that the constant distances L\ERB between the consecutive discrete points in 
the ERB domain correspond to increasing frequency steps in the linear domain. Obviously, 
if the steps in the ERB domain, measured in Hz, become larger than the steps that are used 
in the linear frequency spectrum, then linear interpolation will result in aliasing. To deduce 
a criterion for testing whether aliasing will occur, we will first define L\k as the size in Hz 
between two consecutive points in the ERB domain: 

for k E [l .. N -1] (28) 

In order to avoid aliasing, the largest L\k must be smaller than the constant effective stepsize 
in the linear domain L\ Hz.err: 

L\Hz.e.ff 
ls -- (29) 

which results from the length ~ (in samples) of the used analysis window (Hanning or 
Hamming window). Note that not the normal linear frequency stepsize L\ 8 z is used, because 
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this is not representative for the effective resolution of the linear frequency spectrum. The 
stepsize ~Hz originates from the use of N frequency points, but this number of points was 
obtained by zero padding, the actual (effective) resolution is determined by the used window 
length 4J. The criterion for avoidance of aliasing, is now that the largest possible ~k is 
smaller than or equal to the effective linear stepsize ~Hz.err· Since ~k is maximal for k=N-1, 
the criterion becomes: 

(30) 

Without further elaboration, we present the condition for 4J, N and f5 (obtained by combining 
equations 25 and 30), such that the criterion is satisfied: 

N-2 
0.5fs)N-l 0.5fs _ __ J_) (1 + -- ~ 1 + --(1 
229 229 0.5LH 

(31) 

Filtering of STFfM 's 

A way to create conflicting-cue stimuli in the joint time-frequency domain, is to combine 
large scale structures of (part of) one magnitude spectrogram, with fine scale structures of 
(part of) another spectrogram. In order to obtain these separate kinds of structures, we will 
apply two-dimensional lowpass and highpass filters to the STFfM. 

The operation of lowpass filtering can be implemented by two-dimensionally smoothing the 
STFfM over time and frequency. This means that the STFfM is two-dimensionally 
convoluted with a two-dimensional FIR filter. In our particular case, it can be shown that 
using the two-dimensional convolution has the same effect as using separate, one-dimensional 
convolutions in both dimensions, time and frequency. Hence, we can implement the easier 
separate one-dimensional convolutions (Oppenheim and Schafer [8]). In practice, either a 
Hanning or Hamming window will be available for convolution with the time or frequency 
dimension of the spectrogram. Since we want the amount of lowpass energy to be preserved, 
these windows will be normalized in a way that the cumulative sum of the window samples 
equals one, i.e.: 
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(32) 

where wH[m] is either a Hanning or a Hamming window oflength Land m can be either a 
discrete time index or a discrete frequency index. 

The highpass filter will be implemented as the difference-spectrogram of the original STFfM 
and the lewpass filtered STFfM. It would have been possible to construct some highpass 
filtering window, but in this way, we can simply guarantee that the sum of the lewpass and 
highpass filtering results will be original STFfM. The only condition that must be satisfied 
to achieve this is that the window is normalized as was already necessary to preserve the 
amount of energy. 

Formally, we can now express the filtering of a rectangular area within a magnitude 
spectrogram in the following way. The time-dimension lowpass-filtered result LP1{ IXn[k] I} 
of the magnitude spectrogram IXn[k] I is: 

L
1
.,.2 

LP,{ /X ik] IJ = .E /Xn +Jk] I Wn,li] for nE[no-.no +N5RA); kEfko-.ko +KsRAl (33) 
i=-L,.,.z 

LP,{ /Xnfk) IJ = /Xnfk) I elsewhere 

where L1 is the lengthof the time dimension Hanning or Hamming smoothing window wH.1[i] 
and the selected rectangular area (SRA) is defined by the intervals n E [fiu .. fiu+NsRAl and k 
E !Ko .. ko+KsRAl· So (nu,ko) is the coordinate pair which marks the bottorn left corner of this 
area and (nu+NsRA.ko+KsRA) marks the top right corner. Of course, the selected areas may 
never exceed the borders of the magnitude spectrogram itself. In a similar way, the frequency 
dimension lewpass filtered result can be expressed as: 

r1.,.z 

LP 1 /X ik] IJ = .E /X ik +i] I wnJil for nE[no-.no +N5RA); kEfko-.ko +KsRAl (34) 
i =-L1.,.z 

LP I /Xnfk) IJ = /Xnfk] I elsewhere 

Note that the result of the filtering does not only depend on the spectrogram values that lie 
inside the rectangular area, but also on values outside of this area because, for positions near 
the borders of the area, the smoothing windows will exceed these borders. 

The following equation gives the time dimension highpass result: 

HP,{ /Xnfk} IJ = /Xnfk} I - LP,{ /Xnfk} IJ (35) 

and the frequency dimension highpass result can be expressed as: 

HP I /X ik} IJ = /X ik} I - LP I /Xnfk} IJ (36) 
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fu these preceding equations, LP {.} and HP {.} should be considered as mathematica! 
functions of magnitude spectrograms. The indexes f and t represent the dimension frequency 
or time in which the function operates. 

fu practice, the magnitude spectrograms will always have a finite length in both dimensions. 
For the time dimension, this is simply the duration of a recorded signal. For the frequency 
dimension, the spectrogram will be defined between frequency zero and half the samplerate. 
This finite length may become a problem during filtering if the selected area is so large that 
the smoothing window would exceed the borders of the spectrogram. fu this case, the 
spectrogram will be padded with zeroes in the time dimension, just to define some values that 
can be used for the filtering operation. For the frequency dimension, values are defined by 
using the property that magnitude spectra of real signals are symmetrical both at frequency 
zero and at half the samplerate (Rabiner & Schafer [12]). 

To create the conflicting-cue or deleted-cue stimuli, we will combine filtered spectrograms 
in various ways. The combinations of interest are given in the table below. fu this table, A 
or 8 represent magnitude spectrograms in which the rectangular area ex (in A) or ~ (in 8) 
is filtered. The areas ex and ~ will have exactly the same size. 

A 
ex 
A-ex 
A+~ 
A-ex+~ 
ex+~ 

8 

~ 
8-~ 
8+ex 
8-~+ex 

Note that the used opera ti ons ( + and -) are addition and subtraction of two-dimensional arrays 
of data. For example, the result A-ex+~ will be the magnitude spectrogram A, in which the 
filtered area ex is replaced by the filtered area ~, originating from 8. 

2.2.4 Synthesis from MSTFT 

lf the perceptual effect of thè filtering and combining of magnitude spectrograms is to be 
evaluated, a time domain signal has to be synthesized first. The conventional synthesis 
method (STOLA), cannot be used any more, since we have obtained so called Modified Short 
Time Fourier Transforms (MSTFf's) for which, in general, no time domain equivalent exists. 
This means that we will have to make an estimation of a time signal for which the magnitude 
spectrogram resembles the created magnitude spectrogram. This estimation will be made using 
the Least Squares Error Estimation from Modified Short Time Fourier Transferm (LSEE
MSTFT) method (Griffin & Lim, [4]). 

LSEE-MSTFT 

The LSEE-MSTFT method is a technique to estimate a signal of which the magnitude 
spectrogram is closest, in the least square error sense, to the created (and desired) magnitude 
spectrogram. Without elaborating on the proof for the LSEE-MSTFT method, we present the 
procedure for obtaining an estimation. 
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Let Y0 [k] be the created MSTFf and let X0 [k] be the exact short-time Foutier transferm 
(ESTFT) of the estimated signa! x[m]. First, we just apply the conventional inverse STFf to 
the MSTFT Y0 [k] and obtain the short time-domain signals y

0
[m]: 

N-1 -27Tkm 1 J-
ynfm] = - };Ynfk]e N 

N k:() 

(37) 

where N is the FFf size, n is the time index for the spectrogram, k is the frequency index for 
the spectrogram and m is the time index of the time signal. With the conventional 
reconstruction of a time signal, we would use the short -time overlap-add metbod with the 
short-time intervals to obtain the inverse transferm of the spectrogram (equations 15 and 16). 
In the case of LSEE-MSTFT however, it can be shown that the difference between the 
magnitude spectrograms IYn[kl I and IXn[kl I is minimal (in the least square error sense), if 
the inverse STFf Yn[m] of Y0 [k] is multiplied with the analysis window, before using the 
STOLA method. The estimated signal x[m] can now be found by using equation (38): 

}; w[nS -m]yn[m] 

x[m] n=-oo (38) 
+00 

n =-oo 

The difference between this equation and equation (16) is that above and below the division 
mark, simply a factor w[nS-m] is added. The square difference between the ESTFf and 
MSTFf magnitude spectrograms 

+oo N -1 

L };f /Xnfk] f - /Ynfk] /J (39) 
n=-oo k:() 

will now be minimaL 

Note that when equation (37) is applied toa non-modified STFf Y0 [k], then the short time 
intervals Yn[m] will equal the original windewed intervals y[n]w[nS-m] and equation (38) will 
yield the original signal y[m]. 

LSEE-MSTFTM 

The discussed LSEE-MSTFf method is the basis for an iterative algotithm to estimate a time
domain signal from the Modified STFf Magnitude only, using some arbitrary phase 
spectrogram. This Least Square Error Estimation from Modified Short Time Foutier 
Transferm Magnitude (LSEE-MSTFfM) metbod operates as follows. 

The first step in the iterative process is to synthesize a time signal x<ll[m] from the MSTFfM 
IYn[k] I and arbitrary phase, using equation (38). From x(l>[m], the STFfM IX<1>0 [k] I and 
Arg{X(l>0 [k]} are calculated. The resulting STFfM is now replaced by the desired MSTFfM 
IY0 [k] I and a new time domain signal x<2>[m] is calculated, using the MSTFfM IYn[k] I and 
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the phase Arg { x<l) n[kl}. Now the process is repeated, each time replacing the I x<i) n[k] I by the 
desired MSTFfM IYn[k] I· With this iterative process, the resulting STFTMs IX<i>n[k] I will 
converge monotonically toward the desired MSTFfM. 

During the iterative process, either one of the following stop criteria is evaluated to determine 
whether the process should stop. The frrst and easiest criterion is to select a fixed number of 
iterations that should he performed. The second is to evaluate the difference in energy 
between x<i>[m] and x<i-s>[m], related to the total amount of energy in the signal x<i)[m]: 

.J: jxm[m] f - jx(i-s>[m] f 
JOlog 

10
.:.::m:.._=_-oo ________ _ 

K10 

(40) 

m=-oo 

For the time heing, the process will he stopped if this value is below -60dB. A good value 
should he determined experimentally in future. 

The third criterion resembles the second. Instead of evaluating the difference in energy in the 
time domain, the energy in the magnitude spectrogram is used. Again the threshold value of 
-60dB is used, but a better value should he determined experimentally. The difference for this 
third criterion is expressed as: 

+oo N -1 

E E /X(i)nfkl f - ;x(i-s) nlkl! 
JOlo n=-oo k=() 

glO +oo N-1 
(41) 

E E ;xri) nfkl f 
n =-oe k =() 

The phase that is used during the process can even he a random phase, but using the original 
phase, corresponding to the STFfM that was modified, may diminish the number of iterations 
needed to reach the desired precision. In practice, we will offer the option to use a random 
phase, to use the phase corresponding to the part of the magnitude spectrogram that was not 
modified, or use the conflicting phase, i.e. the phase corresponding to the modified part a or 
p. 
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3 Developing the software tool 

This section deals with the development of the software tool, which will implement the signal 
processing methods that were discussed in the previous section. The main goal was to make 
a user friendly system in which a researcher can interactively create speech signals for use 
in perceptual experiments. The system should offer means to process speech signals in both 
the time domain and the joint time-frequency domain and it should be able to display and 
playback created signals. 

In paragraph 3.1, the design procedure of the software system will be discussed. Paragraph 
3.2 will deal with the actual implementation and the needed algorithms. 

3.1 Structured software design 

Designing large and complex software systems, requires much effort and hence it is necessary 
to use a structured design method. This means that the project is split up in several phases, 
in which different tasks will be carried out. The reason for the use of such a method, is to try 
to guarantee that the final product will be a reliable software system, that is free of bugs and 
can be adjusted easily to renewed requirements. 

3.1.1 The software life cycle model 

There are many methods known that try to structuralize the process of developing software. 
The differences between these various methods lie mostly in their definition of the different 
development phases. In general, they all depart from the fact that a software system, like any 
commercial product has a so called life cycle, which describes the life of the product from 
its "birth" to its "death". 

The method that was used for the development of the SAMS application, is a mixture of the 
Sommerville life cycle model [14] and the model proposed by Hammer and van Hee [5]. The 
choice for this mixture, was made simply because these two methods were known to the 
author as a result of an earlier project and a course in software engineering. The table beneath 
shows the project phases of both life cycle models. 

The mixture of these two models, was made because of the lacking of some phases or tasks 
in one model, while they were defined in the other and seemed useful in the development 
process. For instance, the Sommerville model has explicit unit testing during the 
implementation phase. This seems more practical than testing in a separate phase after the 
coding has completed as the Hammer and van Hee model suggests. the Hammer and van Hee 
model has however an explicit analysis phase, which seems also useful for the development 
process. 
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Table 1. Similar phases in the life cycle models of Hammer & van Hee and Sommerville. 

Hammer & van Hee Sommerville 

Analysis 

Requirements Requirement analysis and definition 

Specification Requirement Analysis and definition 

Design System and software design 

Coding hnplementation and unit testing 

Testing System testing 

Transfer Operation and maintenance 

Maintenance Operation and maintenance 

Every phase, defined by the models, is accompanied by a document that describes the work 
that is to be done in that particular phase and the result of that work. Below, a brief 
description will be given of activities during each phase. The actual documents that were 
written can be found in the appendices. 

The first phase that was entered, was the phase of the environment analysis. The purpose of 
this phase, originating from the Hammer and van Hee model, is to analyze the environment 
and to make a planning for the development. Activities in this phase include the following: 

1.1 Determining the goals of the system 
1.2 Inventory of the current tools and means to process speech 
1.3 Technical infrastructure 
1.4 Planning 

In the second phase, a specification of the requirements to which the system must conform, 
is made. The corresponding activities are: 

2.1 Inventory of the functional requirements 
2.2 Inventory of the quality requirements 
2.3 Inventory of requirements with respect to documentation, specification and 
implementation languages, development environment etc. 
2.4 Validation of requirements with the users. 
2.5 Renewed planning 

Phase three is the phase of specification. The purpose of this phase is to develop a conceptual 
model which meets all requirements. A conceptual model of a software system, is a (mostly 
formal) description of an abstract machine, defined by states, actions and state transitions. For 
every implementation of this abstract machine, the result will comply with all requirements. 
The abstract machine will serve as proof for the existence of the system that is to be 
developed and as a specification for the implementation model. The activities in this phase 
include: 
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3.1 Definition of an abstract machine 
3.2 Verification of informal requirements 
3.3 Validation of user requirements 
3.4 Renewed planning 

The fourth phase is the design. In this phase, the conceptual model is translated to an 
implementation model, i.e. specification of data structures, program modules, protocols and 
interfaces for programming. For this phase the next activities are given: 

4.1 Design of an implementation model 
4.2 Verification of model with respect to conceptual model 
4.3 Validation of requirements 
4.4 Making of a user manual 
4.5 Making of a system manager manual 
4.6 Development of a testing model 
4.7 Make a planning for coding phase 

The coding phase is the fifth phase. In this phase the actual programs are written in some 
programming language. The activities are: 

5.1 Writing code with comment, using the specifications as a guide 
5.2 Module testing 
5.3 Verification of correctness of code 
5.4 Validation of code with respect to requirements 
5.5 Writing maintenance manual 

The testing phase is phase six and includes the following activities: 

6.1 Testing of the integrated modules 
6.2 Testing of the entire system, on the basis of manuals and requirements 

The seventh phase, is the phase of transfer. This means that the developed system is actually 
installed in the user environment and becomes operational. Activities in the transfer phase are 
the following: 

7 .1 Acceptance test by the user organisation 
7 .2 Conversion of old data to work with the new system. 
7.3 Instructing users and system managers 

The eighth and final phase is the maintenance phase. The system is now being used and 
undoubtedly, bugs will manifest themselves. These have to be removed and the system might 
have to be adjusted to new requirements. The activities in this phase are: 

8.1 Bug repairing 
8.2 Preventive maintenance, i.e. making backups, cleaning up data files 
8.3 Making modifications that are necessary because of incompleteness of the 
specifications and because of new requirements or changes in the environment. 

The above description of the various phases originates from the Hammer and van Hee model, 
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with some changes made were it seemed useful for the specific software system that is to be 
developed. 

3.2 Implementation of the tool 

The main goal of the project, was to develop a software tool for research on the perception 
of speech. The tool should offer means to process speech signals in both the time domain and 
the joint time-frequency domain. It should also offer a way to display the created signals in 
both domains and provide a way to replay the created signals. Furthermore, a graphical user 
interface (GUI) has to be build, in order to create a system of optimal ease of use. The tool 
will be called SAMS, which stands for Speech Analysis, Manipulation and Synthesis. 

3.2.1 The environment 

The system will be implemented on a Silicon Graphics Iris Indigo, which uses the UNIX 
operation system. The Iris is used because of its excellent audio possibilities which will be 
needed to record and playback sound signals. The X window-based graphical system that is 
used on the Iris, is OSF/Motif (Motif 1.2, X11R4). It provides libraries which can be used 
by the programmer to create his own applications that are X Window compatible, without 
having to use the low-level Xt and Xlib commands. 

The graphical user interface will be build with the help of XDesigner 2.0. This is an 
application which enables a programmer to interactively create X Window applications 
without having to type the enormous amount of code that is needed for this type of programs. 
With XDesigner, window specific objects like pushbuttons, togglebuttons, scales, textfields 
etc. can be positioned inside a window. After a window is created and displayed graphically 
in the XDesigner worksheet, an option may be selected to let XDesigner generate Motif 
compatible C code. Although it requires some time to get familiar with the possibilities of 
XDesigner, it will reduce the time necessary to develop window based applications 
tremendously. It should be noted however that in XDesigner, little or no functionality can be 
added to the objects in the designed windows. Almost all functionality has to be included 
manually, by creating C modules that define the responses for actions like a pushbutton being 
pushed. 

The programming language that will be used for the development of SAMS, is C. It has to 
be used because the X 11 and Motif libraries were defined in this language and the XDesigner 
application also generates C. Also some C++ will be used. This is necessary because some 
file i/o libraries that are needed were written in this language. 

For the storage of results, the aiff standard (audio interchange file format), developed by 
Apple Macintosh will be used. In this format, not only high quality sampled sound (16 bit 
resolution) data may be stored, but also additional information about samplerate, labels and 
even text can be added. This format was used because it is widely known and it is the new 
IPO soundfile standard for UNIX systems. A modified version of this standard was developed 
by IPO employees to store also spectrogram information, with again the ability to add 
additional information. This modified format will be called the 'sper format'. 
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3.2.2 Requirements 

This paragraph discusses the general and more detailed, technical requirements SAMS should 
comply to. 

First of all, the SAMS software tool, should be compatible with the X Window environment, 
running under the UNIX operating system. The main platform that it should be compatible 
with, is the Iris Indigo. Compatibility with SUN systems is also desirable, but not of main 
importance. As said earlier, the system must have a graphical user interface which is 
compatible with X Windows. 

The resulting system, should be a user friendly program that is easy to use for researchers 
who work on the perception of speech. This means that the system should hide specific 
problems that result from the rather complex signal processing techniques that are used to 
implement the various operations. This also means, that the system should be accompanied 
by good documentation. 

Below, a summation is given of some technical requirements that should be met by the 
system. More detailed information about these requirements, can be found in the appendices, 
in the requirements document. 

The system will have two main modes; the first is the Time Domain mode, in which speech 
signals can be read from disk and be processed in order to create new signals. This mode 
should be able to process one or two signals at the same time. Operations that can be done 
in this mode should be: the setting of markers in a file to specify an interval, the 
normalization of the amplitude of a signal and the combining of (parts of) signals into new 
signals, in the various ways that were discussed in the first part of this thesis. The user should 
be able to store the created results on disk, view them in a graphical displaying tool and listen 
to them to evaluate their quality. 

The second mode is the so called 'STFTM Mode'. In this mode, speech signals (or 
waveforms) may be processed in the joint time-frequency domain (JTFD). This mode will 
also offer the possibility to process either one or two signals at the same time. Operations that 
can be performed in this mode should be the following. 

The first operation is to specify inputs. Inputs are time domain signals or STFTM's that were 
stored in a file or files containing magnitude spectrogram data. Again, in this mode it should 
be possible to define an interval of interest within a time domain input signal. Also the 
amplitude normalization should be available for time domain signals. 

The system has to be able to analyze a waveform, i.e. to calculate the corresponding short 
time Fourier transform, which then can be split up into a magnitude and a phase spectrogram. 
The system should provide means to convert the resulting magnitude spectrogram to an 
'auditory spectrogram' as discussed in the previous section. This means that conversions 
should be implemented from linear to ERB representation of frequency and from linear to 
logarithmic amplitude. 

The (converted) magnitude spectrograms can, possibly locally, be two-dimensionally filtered. 
The filtering types will be highpass and lowpass, resulting in either large or small scale 
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structures of these (parts of) spectrograms. The converted and filtered results can then be 
combined into new spectrograms. 

The final operation that can be performed in this mode, is to take a created spectrogram and 
iteratively compute a corresponding time domain waveform. Of course, there should again be 
the possibility to save and view the results. In this mode however it will be necessary to be 
able to display the magnitude spectrograms also, apart from the time domain signals. 

For many of the above operations, some parameter values must be specified. The system 
should thus offer a way to set these parameters and preferably in a way which will not 
confuse the user by having to set too much values at once. For the setting of the values for 
the markers that specify a time interval, the system should be able to display a signal 
graphically and read the marker positions as the user specifies them with a pointing device. 
Likewise, another requirement is that the system should offer a way to specify the part of a 
spectrogram that has to be filtered. This should also be done graphically, so there should be 
a possibility to display a spectrogram and read the values from a pointing device. 

3.2.3 The GUI concept 

As mentioned earlier, SAMS should offer optimal ease of use. In order to achieve this, a 
graphical user interface has to be designed. The most important characteristic of a GUI, is that 
it should be self-explanatory. This means that the user should intuitively know what objects 
are for and what he can do with them. It's obviously not an easy task to design such an 
interface. For this reason, the interface was designed in consultation with the main user and 
two GUI and information ergonomics specialists. The designed GUI was subjected to a user 
test, of which the results will be discussed later on in this section. First an extensive 
description of the GUI is given. 

the Motif widget set 

The Motif Toolkit Library provides the programmer with standard, predefined objects called 
widgets, that can be used to develop X Window based graphical user interfaces (Parette, [11]). 
A widget is in fact a piece of code that will accept input, process it and will then produce 
output. Examples of motif widgets are the PushButton, the ToggleButton, the Scale, the 
Textfield, the Form etc. The user input for a widget, will usually be some action with a 
pointing device like a mouse. The output of the widget will be some standard or user-defined 
action. Manager widgets like the form, may have other widgets as their children. For example, 
a form may have a few buttons as it's children. The form, which is a so called manager 
widget, will then manage the position and size of the buttons within it. Whenever the form 
is resized, the buttons within it will automatically resize too. 

Widgets have all sorts of characteristics called resources. A few examples of resources are 
size, position, shadow thickness, foreground color, shadow color, font etc. etc. Most resources 
may be set by the programmer, but generally, the widgets have too many resources for the 
programmer to set each and every one of them. Luckily, the widgets have default values, and 
inherit resource values from their parent, so not all resources have to be set manually. For 
example, if the foreground color of a form is set to yellow, then all children of this form will 
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inherit this color for their own foreground color. Whenever a color value is explicitly set for 
one of the buttons, this button will disregard the color of the parent and have the color that 
was manually set. 

main menu 

The main menu, the dialog that appears on screen when the application is started, is made up 
out of two large buttons and a textfield. It is shown in figure 2. The textfield at the bottom 
of this dialog, is the status window. Whenever important events happen, some information 
about them will be written in this field. It serves as a way of feedback to the user on the 
progression of execution. The two large buttons can be used to start up either the time or 
STFfM mode. The text displayed on these buttons indicates their use. 

Figure 2. The main menu dialog of SAMS. 

The main menu has two pulldown menus at its top. On the left side, the main exit button will 
be displayed after this menu has been selected. On the right side, a help button is placed in 
the pulldown menu, along with an 'About' button. Pressing either one of these buttons will 
display a texfield in which respectively help or information about the application is displayed. 

The main menu will be on the screen at all times. It will always be there to give information 
in the status widget, exit the application or to iconify it. In future this main menu may be 
modified to serve as a menu from which, for example the STFfM mode, may be started 
multiple times. For the time being, just one version of each mode can be called at the same 
time. 

modular concept 

The first concept that comes to mind, when thinking about an interface for speech processing, 
is the conventional CAD application concept. This means that a graphical representation of 
a signal is presented in a worksheet, and the user may select operations by pressing buttons 
that are placed on one side of the screen. After an operation has been selected, the worksheet 
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is adjusted to display the new result. Having discussed this concept with the user, we decided 
that this was not the best way to implement the GUI. Since especially the STFTM mode has 
many different operations, that have to be performed in a fixed sequential order, it was 
considered better to have some schematic diagram of operations in which the sequential order 
of the operations can not be changed. The use of the old set of command-line operations for 
speech processing had proven that without a fixed order, these errors are very likely to occur. 
In this modular concept it is very clear what is done at what place in the worksheet. 

For both the Time mode and STFTM mode, this modular concept may be used. The basic 
idea is to present a dialog with boxes (modules) that represent operations. The boxes are 
connected with two lines that represent the flow of data from one operation to the next one. 
All boxes have a uniform look, for as far as this is possible with respect to the operation they 
represent. In general a operation box can contain the following 'maximum' of objects: 

-Two incoming lines, representing two input data structures that have to be processed 
by the box, i.e. some operation has to be performed on them. Of course the leftmost 
box will not have incoming lines, because this is the box where the inputs are 
specified. It could be thought of as having imaginary connections to disk storage. 

-Two outgoing lines representing the data that results from the box's operation. Again, 
the rightmost box will not have these lines. It has imaginary connections to disk 
storage. 

-An 'ON/OFF' toggle. This togglebutton can be used to activate or deactivate an 
operation. Boxes with operations like input specification will not have this button, 
because inputs should always be specified and therefore the input box cannot be 
deactivated. 

-A 'Set up' button. This button is present if the operation of the corresponding box 
needs some parameters to be set. After the button has been pressed, a new dialog will 
appear, in which the user may specify the values for the parameters. Should the box 
be deactivated then the 'set up' button is insensitive. This means that it's shaded and 
does not respond to attempts to press the button. 

-Two togglebuttons called the 'Save' and the 'View' toggle. These toggle may be 
visible if the box is activated. Setting the save button, means that the result of the 
operation the box stands for, will be saved in a file (for which the filename will be 
generated automatically). Setting the 'View' toggle, will make the res\llt available for 
later viewing. 

-A 'keep' togglebutton. This toggle is used to instruct the box to keep the specified 
parameters in the (already existing) inputfile. Note that this toggle does not have the 
same function as the save toggle. Saving means that a calculated result is stored in a 
new file, while keeping means that the value of the parameters of the operation are 
added to an existing file. 

Objects that cannot be used in some state of the box will be hidden for the user. For example, 
when a box is deactivated with the ON/OFF toggle, its save and view toggles will be hidden, 
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because they have no meaning for a deactivated operation! As soon as the box is activated 
again, they will reappear (in the OFF state). Also, a box that is deactivated, will lie deeper 
in the worksheet. This is just a way of visual feedback for the user to express that the box 
is not used. Reactivating the box will result in lifting of the entire box, so that it appears to 
come out of the worksheet. 

Time Mode dialog 

Figure 3 shows the main dialog for the Time Mode. As you can see, it consists of four boxes, 
each representing some operation that can be performed. The leftmost box is used to specify 
the input files that are to be processed. 

Figure 3. The Time mode dialog of SAMS. 

The second box is used for the optional setting of markers in the waveform that specify some 
interval that can be removed or replaced. The third box is for the operation of amplitude 
normalization and the fourth box is used to select the desired result types. Result types are 
the possible combinations that can be made with the two processed inputs. 

At the bottom of the dialog, the START button is placed. After all operations are selected and 
the parameter values are specified, the user should press this button to start the calculations. 
Note that no operation (except for reading input files) is done before the START button is 
pressed. 

At the top of the Time Mode dialog, the user can call the help function by pressing the help 
button on the right. On the left of the menu, there are two pulldown menus. One is for calling 
the displaying/playback program directly, with an arbitrary sound file as input. The other is 
the File menu in which the user can choose to save the setting he created to a file, for later 
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use. He may also read a complete setting from an existing settings file. Such a settings file 
contains information about which operations are activated, the states of all toggle buttons and 
the values of the parameters set for each box (except for the inputs). 

Another option in this pulldown menu, is to call the text editor that can be used to add text 
to sound files. The purpose of this option is to enable the researcher to add comment about 
quality, origin etc. to a sound file. The system also offers the possibility to retrieve some file 
history information that was stored into the sound file by the SAMS application (Note that 
this information is only meaningful to SAMS and is only available in files that were created 
by SAMS). This history information is information about how the file was created. For 
example, it includes the filenames of the parent files that were used as input files for creation 
of the file. History information also includes information about parameter values that were 
used during the calculations. 

Jn this menu, the user can specify that he wants to use the default setting for the sequence 
of operations. This means that some default operations are activated and default values are 
set for their parameters. 
Finally, the File pulldown menu also contains the close button, with which the Time Mode 
may be closed. 

Inputs dialog 

The inputs dialog is called after pressing the setup button in the input box of the Time Mode. 
The dialog is displayed in figure 4. 

Figure 4. Input selection dialog for SAMS. 

It consists of two textfields in which the filenames of the input sound files can be specified 
manually by typing the filenames. The buttons on the right side of the textfield may be used 
to call the file selector dialog. This dialog offers the possibility to select a filename with a 
pointing device. After this selection, the filename will be copied automatically to the 
corresponding textfield. The inputs are referred to as input A and input B. This is done 
because we want to have some short notation for the result types. The toggle button beneath 
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the 8 input textfield, can be used to deactivate the entire '8-line' in the sequence of 
operations. Setting this toggle means that only one input file is expected and processed. Every 
object in the rest of the sequence that is related to a 8 input, will be deactivated after the 
toggle is set. 

Like many other dialogs in the system, the input selection dialog has three buttons at the 
bottom. These are standard buttons for almost any window based application. They are: 

-The OK button for accepting the values that were set in the dialog. The dialog will 
disappear after this button is pressed and the information in the dialog is now valid. 

-The Cancel button for discarding the values that were set. The dialog will disappear 
and the information will not be accepted by the system. This means that after pressing 
the corresponding setup button again, the dialog will not contain the information that 
was just discarded, but the information that was accepted the last time the OK button 
was pressed. 

-The Help button for calling some explanatory text about the dialog. 

file selector dialog 

The file selector dialog will be used at all places, where the user should specify some input 
filenames. It offers an advanced file selection mechanism, which is shown in figure 5. This 
dialog comes standard with the XDesigner GUI design package. 

Figure 5. The file selector dialog for SAMS. 
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In the top textfield of the file selector, a filter expression may be specified. Only the 
filenames which match this expression will be shown in the list on the right side of the 
dialog. On the left side, directories may be selected with a pointing device to copy the 
directory name to the filename filter at the top. The textfield at the bottom of the dialog 
shows the currently selected filename. Double clicks may be used in the filename list to make 
a filename the current selection and accept it. Another way is to just type the filename in the 
textfield at the bottom and then press the OK button for acceptance. 

time mode markers dialog 

The 'time mode markers dialog' is displayed after the marker-box set up button is pressed. 
Figure 6 shows this dialog. It has four textfields, of which two are used for each input. The 
two top textfields are used to specify the left and right boundaries of the interval of interest. 
Likewise, the two bottom fields are used for the B input interval selection. The buttons on 
the right can be used to call the displaying program to set the marker positions interactively. 
This means that the waveform is displayed and the user can specify the exact marker 
positions with a pointing device like a mouse. 

Figure 6. Time mode markers dialog for SAMS. 

Time mode results dialog 

The results dialog for the time mode can be called with the results box's set up button. The 
dialog is shown in figure 7. 
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Figure 7. The time mode results dialog for SAMS. 

The dialog displays several togglebutton, one for each possible result type. Selecting one or 
5more of these toggles, will register the result for later calculation. The result names are 
coded with letters. A and 8 represent the input signals, while a and P represent the selected 
interval. 

The checklist dialog 

After all boxes and their parameters have been set, the user should press the START button 
in the Time mode dialog, to start the calculations. Before these calculations are actually 
started, a checklist will be presented. In this list, an overview of the current settings is given 
and the user may decide to accept the setting and start the computation, or cancel it and return 
to the time mode to change the settings. The checklist is shown in figure 8. 
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Figure 8. The checklist dialog for SAMS. 

result list dialog 

After the calculations have completed, a new dialog is presented in which the filenames of 
all created results are presented. Note that all filenames are generated by SAMS, by using the 
part of the filename without the extension, and adding some new extension which encodes 
the type of the result. The corresponding dialog is presented in figure 9. 

The result list has two main objects, knowing the list object and the view/listen button. In this 
dialog the user may select a result by clicking on it with a pointing device and then call the 
displaying/playback program with the selected result as a parameter. The displaying/playback 
program GIPOS (Graphical Interactive Processing of Speech) will be started and a graphical 
representation of the signal will be displayed by it. The signal can also be played back by this 
application. If a filename is double clicked in the result list, then the GIPOS application will 
be started automatically, without having to click the view/listen button. Note that the GIPOS 
application can be called multiple times, with different results. In this way, the user may 
display all created results at the same time, every calculated result in its own version of 
GIPOS, to compare and evaluate them. 
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Figure 9. The time mode results dialog for SAMS. 

The help dialog 

Whenever a helpbutton is pressed somewhere wi5thin the SAMS application, the dialog, 
shown in figure 10 is displayed. Depending on the dialog in which the help button was 
pressed, a textfile will be read from disk and written into this dialog. The text will explain 
how to use the dialog in question. 
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Figure 10. The help dialog. 

Add comment dialog 

As said earlier, the user may select the option 'Add comment' from the pulldown menu at the 
left topside of the time mode dialog. When selected, the system will prompt for a filename 
with the file selector dialog and after that, the add comment dialog in figure 11 is displayed. 
This dialog is in fact a simple text editor, which may be used to add some text to the 
previously selected sound file. 

When the (possibly already existing) text has been edited or created, the OK button in the 
dialog may be pressed to store the text into the sound file. 
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Figure 11. The add comment dialog for SAMS. 

GIPOS 

GIPOS was developed by IPO programmer Ercan Gigi. It is a program for displaying time 
domain and joint time frequency domain signal representations. Figure 12 shows what the 
application looks like. Displayed sound files may also be played back on the sound system 
of an Iris Indigo machine. The application can be started with the input filenames as 
command line parameters. These input files can be either one of the aiff file format or a sper 
file, which contains spectrogram data. 

If just a waveform is specified, and no spectrogram data file was added, then GIPOS offers 
the possibility to compute and display a spectrogram of the waveform. 

Sound files in the aiff format can easily be played back with this application by just placing 
the cursor at some starting point and pressing the left button of the mouse. A moving cursor 
will run along with the signal during playback, to give the user feedback on which part of the 
signal is heard at each point in time. 
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Figure 12. The displaying/playback application GIPOS. 

GIPOS will also be used to set the marker positions in the time mode interactively. When 
some time mode input file requires some interval to be selected, then GIPOS can be called 
from the time mode markers dialog. The interval boundaries are then specified by placing the 
cursor at the desired position in the signal and pressing the Fl function key. A pipe between 
GIPOS and SAMS will be used to transport the marker data from one application to the other. 

For information about the extensive possibilities of GIPOS, we refer to the GIPOS user 
manual, written by E. Gigi [2]. 

The STFTM mode dialog 

The second mode that can be started from the main menu, is the STFfM mode. This dialog 
displays the modular representation of the operations that can be used to process speech in 
the joint time-frequency domain. Figure 13 shows what this dialog looks like. 
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Figure 13. The STFTM mode dialog for SAMS. 

This dialog works almost the same as the previously discussed time mode dialog. The menu 
at the top of the dialog has exactly the same buttons as this mode, so there is no need to 
explain them again. 

The first box in the schematic diagram of possible operations, is the input box. This too, has 
almost the same functions as discussed with the time mode. The only difference is that, for 
the STFfM mode, the user can specify input files containing either waveform or spectrogram 
data. The next box is the STFfM mode markers box. This box can be used only if aiff-type 
files were specified as inputs. It enables the user to set marker positions which specify the 
interval in the signal that should be analyzed later on. It is also used to set a third marker to 
determine the analysis alignment point. 

The third box is used for amplitude normalization, which has the same function as the 
normalization box discussed with the time mode. Box number four represents the analysis 
procedure, in which the magnitude and phase spectrograms are calculated from the input 
waveforms. Note that the analysis procedure is not needed if the inputs were already 
spectrograms. After the analysis is ready (or was not used), magnitude spectrograms will be 
available. The first operation that can be performed on these spectrograms, is represented by 
the fifth box. This is the conversion of the spectrogram from a linear frequency representation 
to a logarithmic frequency scaling called ERB's. After this, another conversion can be selected 
with box six. This is the box for converting a spectrogram from linear to logarithmic 
amplitude (Decibels). Within the seventh box, the first box on the bottom sequence, the user 
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may specify a rectangular area within a spectrogram, for further processing. The selected 
rectangular areas will be referred to as a and P (for respectively the A and B inputs). 

At the eighth position, there are two separate boxes, one for each input line. There are two 
boxes needed at this position because, for the first time in the sequence, the parameters for 
the operation to be performed, may be different for the two inputs. The operation represented 
by these boxes is the two-dimensionally highpass or lowpass filtering of the spectrogram areas 
that were selected. Optionally, the user can specify to use only one of these filters and let the 
second input be unaffected by the filters. 

Box number nine will be used to specify the types of combinations that are to be made with 
the spectrogram parts A, B, a and P. The user may select several result types at the same 
time. Box number nine and all boxes beyond this point in the sequence, will have only one 
incoming line and only one outgoing line. This is because, after box nine, the two processed 
inputs have been combined to a single result. All the selected results will be past through the 
rest of the sequence, one at a time. This means only one connecting line is necessary. Note 
that there is no toggle button to deactivate the results box. It is always activated, since 
processing speech without wanting to have some results, makes no sense. 

The box at the tenth place is the box that represents the inverse conversion, from logarithmic 
to linear amplitude. It restores the linear amplitude scaling that was altered by box number 
six. The activation of the tenth and the sixth box are totally dependant on each other. 
Whenever one of them is activated, the other one must also be activated. This will be done 
automatically. Box number eleven, represents the inverse operation of box five. This is the 
conversion of logarithmic frequency scaling (ERB's) to linear scaling, restoring the scaling 
as it was before box number five. Again, these two boxes depend on each other. Activating 
either one of them will automatically activate the other also. 

The last box in the sequence of operations is the synthesis box, number twelve. It represents 
the operation of synthesizing a time domain signal from the spectrogram input. 

At the bottom of the STFTM mode dialog, the ST ART button is placed. This can be pressed 
after some setting of the sequence is made by the user. Pressing the button is the command 
to start the computation of the results. As with the Time mode, again a checklist will be 
displayed to give feedback to user on the setting he has made. When the START button in 
this checklist dialog is pressed, the results will be computed and the names of the created files 
will be displayed in the result list dialog. In this dialog, the user can select a result, view it 
and listen to it by calling the GIPOS application. 
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STFfM mode markers dialog 

The STFfM mode markers dialog in figure 14, is displayed after the setup button in the 
markers box in the STFfM mode dialog is pressed. It shows six textfields, three for the A 
input signal and three for the B input signal. 

Figure 14. The STFTM mode markers dialog. 

The left and right textfields are used to specify the markers that determine the boundaries of 
the time interval of the input, that is to be processed by the sequence of operations. The 
middle textfields are used to specify the analysis alignment point. Pressing one of the buttons 
on the right of the textfields, will call the GIPOS displaying program with the corresponding 
input file as a parameter. It enables the user to specify the marker positions in the signal in 
a graphical way. Note that for spectrogram type inputs, this dialog has no meaning and hence 
it cannot be called for this type of inputs. 

Analysis dialog 

The analysis dialog is used to set the parameter values that are to be used during the 
calculation of the magnitude and phase spectrograms from the time signal. Figure 15. shows 
this dialog. 

The dialog is divided in four main areas; the top, left, middle and right area. The top area has 
toggle buttons to specify the shape of the analysis window to be used. This can be either one 
of the Hanning or Hamming shape. The left area is used to set the length of the analysis 
window. This can be done in three different ways. The first is to specify this length in 
milliseconds, by moving the slider of the scale to the desired value. 
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Figure 15. The analysis dialog. 

The length can also be specified in milliseconds, by typing the value in the left textfield of 
this area. Since the length in milliseconds corresponds to a fixed number of samples, the 
possibility was made to specify the length directly in the number of samples. This can be 
done by typing the value in the right textfield of the left area. Whenever a value is set using 
one of the three described objects, the other two will adjust automatically. 

The middle area is used to set the length of the window shift. This area functions the same 
as the left one; setting either one of the three objects will automatically set the others too. The 
right area of the analysis dialog is used to specify the desired number of discrete frequency 
points the resulting spectra should have. The toggle buttons in this area can be used to set 
desired value. The 'Default' buttons of the analysis dialog can be used to set the corresponding 
parameter to its default value and the 'set all to default' can be used to set all parameters to 
their default values at once. 

Setting illegal combinations for the values of the length, shift and number of frequency points 
will be detected by SAMS. Whenever an illegal combination of values is set, the user will 
be warned about it if he tries to accept the combination by pressing the analysis dialog's OK 
button. The warning will also give an indication of what should be changed to obtain a legal 
combination. 
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The Select Rectangular Area dialog 

Figure 16 shows the Select Rectangular Area (SRA) dialog. It is used to specify the 
rectangular area within the spectrogram that is to be processed by the rest of the sequence. 

Figure 16. The select rectangular area dialog, case for time inputs. 

The SRA dialog shows two textfields for each input. The textfields can be used to specify the 
coordinates of the rectangular area. For instance, for input A, the user should use the left A 
textfield to specify the top-left comer coordinates of the rectangular area. The right textfield 
should be used to specify the bottom-right comer coordinates. The coordinates must be 
specified by typing into a single textfield the time coordinate (expressed in seconds) and then 
the frequency coordinate (expressed in Hz), separated by a comma. The time coordinates of 
the area, should be specified relatively to the analysis alignment point. This means that the 
left time coordinate may have some negative value. 

The SRA dialog has two different appearances, dependant on the type of inputs that were 
specified in the select inputs dialog. If spectrograms are used as inputs, then there will be 
buttons on the right of the textfields, to call the displaying program. The displaying program 
will be called directly after one of the buttons is pressed and can then be used to specify the 
comer coordinates graphically. If, however, time signals are used as inputs, then the buttons 
will be replaced by toggle buttons. The buttons can not be used in this situation, because at 
the time of making the setting in the STFfM dialog for time signal inputs, no spectrograms 
are available yet to use in the displaying program for graphical coordinate specification. The 
user may however still choose to set these coordinates graphically, by setting a toggle button. 
In this case, the specification of the SRA is postponed until the spectrograms are available 
(during the calculation phase). 

Note that for both A and 8, the SRA coordinates should be exactly the same, since the 
application demands the SRA's to have exactly the same size. This is why information in a 
textfield of the dialog is always copied to the corresponding textfield of the other input. This 
is also the reason why only one of the toggle buttons (in the case of time domain inputs) can 
be selected at the same time; only one of the spectrograms A/8 may be used to specify the 

SAMS, Speech Analysis, Manipulation and Synthesis 41 



rectangular area. 

The filter dialog 

The filter dialog, shown in figure 17, is used to set the values for the parameters that are used 
for the filtering of the selected area within a spectrogram. 

Figure 17. The filter dialog. 

The dialog has two main areas, one for the filtering of the time dimension of the spectrogram 
(left area) and one for the filtering of the frequency dimension (right area). At the top of both 
areas, the shape of the smoothing window can be selected by pressing the toggle button that 
corresponds to the desired shape. Also, the type of the filter can be selected. This can be 
either highpass or lowpass, separately set for each dimension. The length of the smoothing 
window can be set in a similar way to the setting of the window length and shift in the 
analysis dialog. For both dimensions, time and frequency, the filter dialog has three object 
that can be used. The first is the scale, which can be used to set the 
desired length by moving the slider to the corresponding position. The textfields may be used 
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to set the value manually. For the time dimension this can be done in milliseconds or in 
points. For the frequency dimension this can be done in points or in a Hz or ERB value 
(depending on state of the ERB conversion box). The default buttons can be used to install 
default values for the various parameters of the corresponding area within the dialog. The 'set 
all to default' button will cause all parameters to be set to their default value at once. 

The characteristics of the filter dialog will change with the setting of various other parameters 
in the STFfM sequence of operations. For instance, the relation between lengths of the time 
smoothing window in points or milliseconds, will vary with the selected shift of the analysis 
window. In a similar way, the length of the frequency dimension smoothing window, in Hz 
or points will vary with the chosen number of frequency points in the spectrum. 

The STFfM results dialog 

The results dialog for the STFTM mode, is shown in figure 18. The user may set the toggles 
of the results he wishes to be computed by SAMS. A default value can be set and a special 
button is available to reset all toggles at once. 

Figure 18. The STFTM mode results dialog. 

The synthesis dialog 

After the results have been computed and the inverse ERB and decibel conversions are 
(optionally) performed, the resulting spectrogram will be transformed back to the time 
domain, to obtain a signal to which the user can actually listen. Because of some 
complications with the inverse transformation of modified spectrograms, a more advanced 
iterative synthesis method will be used. The parameters for this method can be set in the 
synthesis dialog of figure 19. 
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Figure 19. The synthesis dialog. 

The dialog is roughly divided into three areas. The first and most left area is used to set the 
maximum number of iterations that will be used. This can easily be done by moving the slider 
of the scale to the desired position. The second area is used to select on of the three possible 
stop-criteria of the iterative synthesis. The third and most right area is used to select the phase 
spectrogram that will be used for the first iteration. Again, default buttons are available to set 
default values, for the separate parameters or for all parameters at once. 
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3.2.4 Testing the GUI 

The graphical user interface was designed with great care. The main user and interface 
specialists were consulted several times in order to create a user-friendly software tool. All 
this effort is however no guarantee for the tool to actually be user-friendly and self 
explanatory. In order to check this objective, a user-test has to be done. 

A user, with very little knowledge of the implemented signal processing techniques, but 
familiar with the basics of speech processing and window based applications was asked to 
perform some tasks with SAMS. The user was asked to make a setting for all parameters in 
the STFfM mode of SAMS. He was given a printout of the checklist that he should see after 
making the setting and pressing the START button. The purpose of SAMS was explained 
very briefly within about three minutes and some small hints were given to give the user 
some concrete idea of what he was supposed to do. 

The user experienced the task as easy to perform, although he was a little confused by the 
fact that the analysis dialog presented a possibility to set the number of frequency points in 
the spectrum separately from the length of the analysis window. The specification of the 
timespan for the rectangular area within a spectrogram in negative values was also 
experienced as confusing, but this seemed to be a result of his limited knowledge of the used 
signal processing techniques. Furthermore, he liked the layout of the interface and estimated 
the time needed for learning to work with SAMS at about one day. His opinion on the extent 
of improvement in ease of processing spectrograms, compared to the old situation of using 
command-line programs, was that with SAMS it is indeed much easier and faster to perform 
the desired operations. 

Keeping in mind that SAMS was made for researchers, with knowledge of the operations that 
can be done with it, we can conclude that the main objective of creating a user friendly GUI 
has been realized. 
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3.2.5 Algorithms 

This paragraph will discuss some of the more complex algorithms that were developed during 
the project. Of course, many more algorithms were developed, but it would require too much 
time and space to discuss all of them. 

Analysis algorithm 

The first algorithm which is needed for the SAMS application, is to calculate a STFf that 
corresponds to some time domain waveform. The mathematical equation for the STFf X0 [k] 
of a time signal x[m] is given in equation (32) (note: mis the discrete time index in the time 
signal, k is the discrete frequency index and n is the discrete time index for the STFf): 

+oo -j 271' km 

Xnfk] = J;wfnS-m]x[m]e N (42) 
m =ioo 

In this equation, X0 [k] is the n-th complex spectrum, which was obtained by applying the 
conventional fast Fourier transform (FFf) to a small interval w[nS-m]x[m] of the time signal. 
The small interval was made by multiplying the signal with the shifted version w[nS-m] of 
an analysis window. 

The algorithm that will be used to implement the STFf is explained in the following steps. 

1. Multiply the signal with the window, resulting in a finite length interval 

2. Apply the conventional FFf to the windowed signal portion. This will result in a 
single spectrum that gives the energy distribution, within the interval, over the 
frequency spectrum. 

3. If the centre positions of the window is past the end of the signal, then exit the 
loop. Else, shift the window to the right by S samples and return to step 1. 

This algorithm will make single spectra of small parts of the signal, until the end of the signal 
is reached. After that, all the individual spectra together, form the STFf. 

Synthesis algorithm 

As discussed in section 2, the conventional synthesis method to reconstruct time signals from 
a spectrogram, cannot be used. The reason for this is that the magnitude spectrograms were 
modified, while the corresponding phase spectrograms remained unchanged. Because 
magnitude and phase do not match any more, we will have to use the Griffin and Lim LSEE
MSTFf (M) method [4], to estimate a signal that will have a magnitude spectrogram that 
resembles the one created by SAMS. We repeat the equations that are used in the iterative 
LSEE-MSTFf (M) estimation method: 
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where N is the FFf size, n is the time index for the spectrogram, k is the frequency index for 
the spectrogram and m is the time domain time index. After the analysis window w[m] is 
again applied to the small signals y0 [m], the estimation x[m] can found with: 
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The synthesis as defined by equations (43) and (44) is implemented with the following 
algorithm: 

1. let i equal 0. 

2. Apply the inverse DFf to the spectrum YJk], resulting in the small signal Yi[m]. 

3. Apply the analysis window w[iS-m] to yJm]. Increment i. 

4. Repeat step 2 and 3 until all spectra in the spectrogram are processed. 

5. Add all yJm] and divide this sum by the sum of all squared analysis windows. 

LSEE-MSTFTM algorithm 

The LSEE-MSTFTM algorithm for the iterative estimation in, assume M steps, of a signal 
x<M)[m], who's magnitude spectrogram 1x<M>0 [k] lis to be as close as possible to the desired 
magnitude IYn[k] I spectrogram in the least square error sense, can now be implemented in 
the following way: 

1. Synthesize the first estimation x<l)[m] from the MSTFTM IYn[k] I and any phase, 
using the synthesis algorithm. Let i equal 1. 

2. From x<i>[m], the STFfM 1x<i)
0
[k] I and Arg{X<i>

0
[k]} are calculated using the 

analysis algorithm. 

3. Replace the resulting STFfM 1x<i)0 [k] I by the desired MSTFTM IY0 [k] I· 

4. Synthesize a new estimation x<i+I>[m], using the MSTFfM IY0 [k] I and the phase 
Arg { x<\[k]}. 

5. Evaluate the selected stop criterion for the iterative process. If the criterion is 
satisfied, then exit the loop, else increment i and return to step 2. 
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The stop criterion can be either one of the following: 

1. Selected maximum number of iterations. This means that the user has specified the 
number of iterations that should be done. This maximum number will also be used in 
the other stop criteria. This is to avoid infinite repetition of the iteration process in 
case there is no convergence of the estimation. 

2. Difference in energy between x<i>[m] and x<i-5>[m], related to the total amount of 
energy in the signal x<i>[m] should be smaller than some threshold value. 

3. Difference in energy in the magnitude spectrograms 1x<\[k] I and 1x<i-5>n[k] I, related 
to the total amount of energy in 1x<i>0 [k] I should be below some threshold value. 

Note that only the iterative LSEE-MSTFfM method needs to be implemented. The LSEE
MSTFf estimation can be done by doing just one iteration and using the phase spectrogram 
that corresponds to one of the original magnitude spectrograms. 

Filtering algorithm 

The two-dimensional lowpass filtering of a magnitude spectrogram is done by implementing 
two one-dimensional convolutions of both dimensions, time and frequency, of the magnitude 
spectrogram IX0 [k] I with a smoothing window w[i]. Mathematically, the time dimension 
smoothing is expressed as: 

L1+2 

LP,{ /Xnfk] /J = I.; /XnJk] /wn,liJ for nE[nO'.no +NsRAJ; kE[kO'.ko +KsRAl (45) 
i =-L1+2 

LP,{ /Xnfk] /} = /Xnfk] / elsewhere 

here L1 is the length of the time dimension Hanning or Hamming smoothing window wtt,tli] 
and the selected rectangular area (SRA) is defined by the intervals n [11o .. n0+NsRAl and k 
[k_0 .. ko+KsRAl· So (n0,ko) is the coordinate pair which marks the bottom left corner of this 
area and (11o+NsRA•ko+KsRA) marks the top right corner. The frequency dimension lowpass 
filtered result can be expressed as: 
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LP/ /Xikl /} .E /Xik +i] / wH/il for nEf no-.no +N5RA]; kEfko-.ko +K5RA] ( 46) 
i ;-L1+2 
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The algorithms for these convolutions are best described in pseudo pascal, because of the 
three loops involved. The convolution in the frequency dimension is described first: 

for n := n0 to n0 +NsRA do begin 

end; 

for k : = k0 to k0 + KsRA do begin 
Rnfk] = O; 

end; 

for i := (-L1 div 2) to (L1 div 2) do begin 
Rnfk} := Rnfk} + Xnfk+i}*w{i}; 

end; 

In a similar way, we can describe the time dimension convolution as: 

for k : = k0 to k0 + KsRA do begin 

end; 

for n := n0 to n0 +NsRA do begin 
Rnfk] = O; 

end; 

for i := (-L1 div 2) to (L1 div 2) do begin 
Rnfk} := Rnfk} + Xn+Jk]*w[i}; 

end; 
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4 Suggestions 

Developing the SAMS tool was a very ambitious project. Looking back we may conclude that 
the amount of work was too much to be completed by one person within nine months. As a 
result of this, the tool has not been completed fully yet and there are still some suggestions 
for future improvement of SAMS. 

A first suggestion is to extend the tool with the possibility to run several worksheets at the 
same time by just calling them from the main menu. Currently, the system can only run one 
STFfM mode worksheet and one time mode worksheet at the same time. This adjustment 
would enable the user to create a new setting in some worksheet, while he is waiting for the 
results of some other worksheet. Another adjustment that could be made is to implement a 
way to run the SAMS program using an input file instead of having to make a setting 
manually with the GUI. Using such a file in which a setting for the worksheet is described, 
would enable the user to write UNIX shell scripts in which sams is called multiple times with 
different settings without intervention of the user. 

The tool could also be improved if the possibilities for setting markers within time signals or 
magnitude spectrograms were extended. Currently, the GIPOS application is used for setting 
markers, but several compromises had to be made since the GIPOS application was not meant 
to set markers for the SAMS tool. For instance, there is no visual feedback to the user about 
where he put a marker and there is also no possibility to delete erroneous markers without 
starting the procedure of setting markers all over again. It would be a valuable improvement 
if this could be changed. 

Since the solving of technical problems was the first concern during the project, little 
attention has been payed to the contents of the help text. This text should be rewritten to offer 
better help to the user. 

The speed of the filtering process within the STFfM mode could be improved by 
implementing fast convolutions for both filtering dimensions time and frequency. This will 
improve speed especially for larger values of the number of frequency points and for larger 
numbers of time points within spectrogram. The synthesis of time domain signals from 
modified STFfs could be improved by experimentally determining good values for the time
error and STFfM-error stop criterions. 

Finally, an extensive user test should be done to discover bugs in the system and to evaluate 
the quality of the graphical user interface. 
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