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Abstract: The two-dimensional spectro-temporal modulation filtering
concept of the auditory model [T. Chi, P. Ru, and S. A. Shamma,
J. Acoust. Soc. Am. 118(2), 887–906 (2005)] is implemented on the Fou-
rier spectrogram. The Fourier magnitude spectrogram is analyzed in
terms of its joint spectro-temporal modulations, which embed the tem-
poral dynamics and spectral structures. Instead of iterative projection
methods, the overlap-and-add method is adopted to invert modified
Fourier spectrograms back to sounds. The proposed framework not
only provides a similar spectro-temporal analytical process for sounds
as the auditory model but also produces synthesized sounds with better
quality in a timely manner, which makes proposed framework feasible
to human speech recognition (HSR) applications as well.
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1. Introduction

Neuro-physiological evidences suggest that neurons of the auditory cortex (A1) tune to dif-
ferent spectro-temporal modulations of input sounds. Two types of neurons are observed
with preferences in different spectro-temporal modulation directivities, upward and down-
ward. Based on these findings, an auditory model was then proposed and was documented
in detail in Ref. 1. In the model, A1’s neurons are considered as spectro-temporal selective
filters with either downward or upward directivity. This spectro-temporal analytical audi-
tory model was successfully applied to many applications, such as assessing the speech
intelligibility2 and de-noising a spectrogram in a Wiener-filter fashion.3 On the other hand,
the similar idea of applying two-dimensional (2-D) Gabor filters to the mel-spectrogram
was evaluated in automatic speech recognition (ASR) applications. The features extracted
from outputs of the (optimal) 2-D Gabor filters are demonstrated robust in speech recog-
nition tasks.4 In addition, the 2-D Gabor filtering approach was adopted to analyze small
patches of the spectrogram for detecting prominent structures, such as the harmonicity,
formants, and vertical edges (i.e., onset/offset),5 or for estimating the pitch6 then extended
to estimate formants by exploiting the temporal change of the pitch.7

In general, speech related applications can be divided into two categories for
humans or for machines to hear. These two types of applications (HSR: human speech
recognition and ASR) emphasize different aspects of speech properties and have different
objectives, for instance, to improve the speech quality for HSR or to boost the recogni-
tion rate for ASR. As in ASR applications, most studies mentioned in the first paragraph
emphasize the analysis of sounds by extracting spectro-temporal features from outputs of
an analysis stage or a model. Although time-consuming projection methods were pro-
posed in Ref. 1 and used in Ref. 3 to reconstruct speech from a modified auditory-
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spectrogram, distortion occurs during the reconstruction due to nonlinear processes (non-
linear frequency warping from the linear to the logarithm frequency axis and the down-
sampling along the temporal axis) involved in deriving the auditory-spectrogram. There-
fore, these spectro-temporal analysis attempts seem appropriate to ASR applications, but
not practical to HSR applications due to reconstruction errors.

In this paper, we propose a spectro-temporal analysis-synthesis framework for
the Fourier spectrogram. Along the synthesis path, modified Fourier spectrograms are
inverted to sounds conveniently by the overlap-and-add (OLA) method with less dis-
tortion, which makes the framework practical to HSR applications. Note, the audi-
tory-spectrogram in Ref. 1 is derived from neither linear processes nor a frame-by-
frame scheme such that the OLA method cannot be used for its inversion. To validate
our proposed framework, the quality of reconstructed speech is assessed by subjective
and objective tests. This paper is organized as follows. In Sec. 2, the proposed spectro-
temporal analysis and synthesis framework for Fourier spectrograms is described. We
then demonstrate outputs of our analysis process for a sample utterance and address
the quality of reconstructed speech from the proposed framework in Sec. 3. The con-
clusion is given in Sec. 4.

2. Spectro-temporal analysis-synthesis of Fourier spectrogram

The basic idea of the spectro-temporal analysis of the auditory model in Ref. 1 is to
treat the auditory-spectrogram as a 2-D image with axes corresponding to time and
frequency, then to filter it by using various 2-D modulation bandpass filters, which
model the spectro-temporal selectivity of cortical neurons. In this paper, this same idea
is applied to conventional Fourier spectrograms.

The magnitude of a Fourier spectrogram of a sound is depicted in the time
(T) and the frequency (F) domains. The rate (in hertz, as the frequency) and the scale
(in milliseconds, as the quefrency), which are defined as the Fourier domains of the
time and the frequency dimensions, are represented by the parameter x and X, respec-
tively. Any single point in the first quadrant of the x-X space (positive x), such as the
point “c,” “d,” or “e” in Fig. 1(a), corresponds to a complex time–frequency (T–F)
pattern whose real part shows the downward sweeping directivity as in panels (c), (d),
or (e) of Fig. 1. On the other hand, any single point in the second quadrant of the x-X
space (negative x) corresponds to a complex T–F pattern with real part showing the

Fig. 1. Time–frequency (T–F) patterns and their corresponding 2-D Fourier transform in the rate-scale (R-S)
domain. The rate (x, in Hz) and the scale (X, in ms) are defined as the Fourier domains of the time and the fre-
quency dimensions, respectively. Each panel from (b) to (g) depicts the real part of an analytical T–F pattern,
whose imaginary part is the Hilbert transform of the real part along the frequency axis. The corresponding 2-D
Fourier transform of each analytical T–F pattern is a single points [points b to g in the panel (a)] in the first quad-
rant of the x-X space. The values of x and X determine the T–F pattern’s densities in the time and the frequency
domains, respectively. The x/X ratio determines the slope of the FM sweep of the T–F pattern. Similarly, a single
point in the second quadrant of the x-X space maps to an analytical T–F pattern whose real part is with the
upward moving directivity rather than the downward moving directivity shown in panels (c), (d), and (e).
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upward directivity (not demonstrated here). Such a complex T–F pattern has the ana-
lytical form in which the imaginary part is the Hilbert transform of the real part along
the frequency axis. Note, panels (b)–(g) of Fig. 1 only show the real part of corre-
sponding analytical T–F patterns. The panel (b) represents an ideal 500 Hz harmonic
complex, whose analytical form maps to a single point [point “b” at X¼ 1/500 s¼ 2
ms in panel (a)] in the x-X domain. The panel (c) shows a downward frequency modu-
lation (FM) complex with joint spectro-temporal modulations of X¼ 2 ms and x¼ 4
Hz, whose analytical form has the Fourier transform at the point “c” in the x-X do-
main. Similarly, the panel (d) depicts a downward FM complex with X¼ 8 ms and
x¼ 16 Hz modulations. Note, the x/X ratios of point “c” and “d” remain constant
such that the FM patterns in panels (c) and (d) have the same slopes but with different
densities. For the points “e” and “f,” which have the same X value as the point “d,”
their corresponding panels (e) and (f) exhibit the same spectral densities as the panel
(d). As the points “b” and “f” correspond to pure harmonic complexes (FM slope¼ 0),
the point “g” on the x axis maps to an analytic signal whose real part shows the FM
slope¼1 in panel (g). To sum up, the rate x and the scale X determine the temporal
and spectral densities of the T–F patterns, respectively.

In our discrete implementation, two types of joint spectro-temporal modula-
tion filters (STMFs), which are parameterized by x and X for the spectro-temporal
decomposition of the Fourier magnitude spectrogram, are generated. The frequency
responses of the downward (with subscript “þ,” positive x) and the upward (with sub-
script “–,” negative x) zero-phase STMFs can be written as

STMFþðx;XÞ ¼
jFfhrateðtÞg � Ffhscaleðf Þgj; 0 � x; X � p
0; otherwise

�
(1)

STMF�ðx;XÞ ¼
jFfhrateðtÞg � Ffhscaleðf Þgj; �p � x � 0; 0 � X � p
0; otherwise

�
(2)

where F is the one-dimensional (1-D) Fourier transform; � is the outer product, and p
indicates the half sampling frequency of the discretization process in the time and fre-
quency axes. The hrate and hscale are the 1-D temporal and spectral impulse responses
which are derived from gammatone filters centered at frequencies xc and Xc as

hrateðt; xcÞ ¼ t4e�2pBWratet cosð2pxctÞ
hscaleðf ; XcÞ ¼ f 4e�2pBWscalef cosð2pXcf Þ

�
(3)

where the bandwidths BWrate and BWscale are increased with the center frequencies.
The gammatone filters are often used in auditory models to simulate the spectral anal-
ysis performed by the basilar membrane.8

As shown in Fig. 2, the Fourier magnitude spectrogram of an utterance from
a female speaker in the TIMIT corpus is plotted in Fig. 2(a). The speech waveform is
first downsampled to 8 k sampling rate and is subject to the short-time Fourier trans-
form (STFT) with a 25-ms hamming window, 5-ms frame shift, and the 800-point fast
Fourier transform (FFT) per frame. Therefore, the sampling periods of this 2-D spec-
trogram in the time and the frequency axes are 5 ms and 10 Hz (8000/800 Hz), which
map p to 100 Hz and 50 ms in the rate and the scale domains, respectively. The fre-
quency response of a 2-D noncausal downward STMF, which tunes to xc¼ 4 Hz and
Xc¼ 2 ms, is shown in Fig. 2(b). Note, the frequency response of a downward STMF
only appears in the first quadrant of the x-X space, which is magnified in Fig. 2(c).
Figure 2(d) shows the real part of the corresponding spectro-temporal impulse response
(STIR). The output of this modulation filter (xc¼þ4 Hz, Xc¼ 2 ms) to any input
Fourier magnitude spectrogram X(t, f) can then be written as

Cðt; f ; xc;XcÞ ¼ F�1
2DfF 2DfXðt; f Þg � STMFþðxc;XcÞg (4)
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where F 2D and F�1
2D denote the 2-D Fourier transform and the inverse 2-D Fourier

transform. In addition to the center frequency xc and Xc, the bandwidth of each 2-D
filter can be parameterized as well. In our implementation, this 2-D noncausal zero-
phase filterbank is comprised of constant-Q (Q3dB � 2 in both x and X dimensions)
bandpass filters. Figure 2(e) shows the real part of the output response C(t, f; xc¼þ4
Hz, Xc¼ 2 ms) with the magnitude spectrogram in Fig. 2(a) as the input. Figure 2(f)
shows the magnitude response j(C(t, f; xc¼þ4 Hz, Xc¼ 2 ms)j, which reflects the local
energy (envelope) of the resolved spectrogram at the spectro-temporal resolution of xc
and Xc.

Since the spectro-temporal analysis is purely a linear filtering operation, the
Fourier magnitude spectrogram can be perfectly reconstructed from the four-dimen-
sional (4-D) output representation C(t, f, x, X) as long as the 2-D modulation filter-
bank covers all rate-scale (R-S) components including the DC offset value of the spec-
trogram. Due to the fact that our 2-D spectro-temporal filters are all with zero-phase,
the reconstructed spectrogram X0(t, f) can be derived in the synthesis process by the
formula shown below:

X 0ðt; f Þ ¼ < F�1
2D

P
x;X
F 2DfCðt; f ;x;XÞg
P
x;X

STMF6ðx;XÞ

8><
>:

9>=
>;

8><
>:

9>=
>; (5)

where <f�g represents the real part of a complex signal. In opposition to iterative pro-
jection methods in Ref. 1, the overlap-and-add (OLA) method is utilized to synthesize
sounds from the reconstructed magnitude spectrogram X0(t, f). Note, the original
phases are preserved for inverting the STFT. The block diagram of proposed spectro-
temporal analysis-synthesis framework for Fourier spectrograms is shown in Fig. 3(a).

Fig. 2. Input/output and the 2-D frequency/impulse responses of a sample STMF. (a) The Fourier magnitude
spectrogram of a sample utterance from the TIMIT corpus as an input to modulation filters; (b) the frequency
response of the downward STMF with center frequencies xc¼ 4 Hz and Xc¼ 2 ms; (c) magnified first quadrant of
panel (b); (d) the real part of the corresponding analytical spectro-temporal impulse response (STIR); (e) the real
part of the output of this sample STMF; and (f) the local energy (envelope) of the output of this sample STMF.
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3. Analysis outputs and quality of synthesized speech

An example of the 4-D output C(t, f, x, X), which can be used to analyze complex
sounds, is given in this section. In our implementation of the analysis process, the rate
x from 1 to 64 Hz and the scale X from 0.25 to 16 ms are considered in the spectro-
temporal decomposition of Fourier spectrograms of sounds. The sample magnitude
spectrogram in Fig. 2(a) is shown again in Fig. 3(b). Figures 3(c) and 3(d) depict the
R-S plots, defined as the jC(x, X; ti, fj)j of a particular (ti, fj) unit in a Fourier magni-
tude spectrogram, of the two T–F units indicated by “x” in Fig. 3(b). As can be
observed, for instance, the prominent peak shown in the negative rate in Fig. 3(c) indi-
cates that particular T–F unit possesses strong 16 Hz and 4–8 ms upward spectro-tem-
poral modulations. Figure 3(e) shows the averaged R-S plot over all T–F units in the
magnitude spectrogram. The peak around x¼ 4 Hz reflects the dominant speaking
rate of the female speaker. The strong responses around X¼ 1/4–1/2 and 4 ms reveal
the dominant frequency spacings between formants and harmonics (pitch � 250 Hz)
shown in the magnitude spectrogram, respectively. Similar to analyses done in Ref. 1,
the 4-D time-frequency-rate-scale output jC(t, f, x, X)j can be further integrated over
any 2-D for visualizing the characteristic of the sound in the remaining two dimen-
sions. It is worth noting that our proposed spectro-temporal modulation analysis can
be degenerated into a pure temporal modulation analysis by only considering modula-
tion filters on the x axis, such as the point “g” in Fig. 1. This degenerative temporal
modulation analysis will produce a three-dimensional (3-D) time–frequency-rate repre-
sentation. This 3-D representation at any time instant would record the frequency-rate
pattern which is referred as the “modulation spectrum” in Ref. 9.

For HSR applications, the speech quality is usually the major concern. Here,
the quality of reconstructed speech from our proposed spectro-temporal analysis-syn-
thesis framework for Fourier spectrograms and from the auditory model based analy-
sis-synthesis framework proposed in Ref. 1 is assessed by objective and subjective
speech quality measures. In order to address the distortions emerged during the recon-
structions, all rates and scales are included to generate the X0(t, f) of clean speech in
both frameworks.

The NOIZEUS corpus,10 which contains 30 phonetically balanced sentences
spoken by three male and three female speakers (five sentences per speaker), is used in
our evaluations. The mean and the standard deviations of the PESQ (Ref. 11) scores

Fig. 3. The block diagram of proposed spectro-temporal analysis-synthesis framework and examples of the R-S
plots. (a) The block diagram of proposed framework; (b) a sample magnitude spectrogram as in Fig. 2(a); (c)
the R-S plot, which records the local modulation energies at all x-X combinations, of the time–frequency (T–F)
unit indicated by x around 850 ms; (d) the R-S plot of the T–F unit indicated by x around 450 ms; and (e) the
average R-S plot from all T–F units of the spectrogram in panel (b).
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of the original clean speech and the reconstructed speech from both frameworks are
given in Table 1, where the “Aud_Model” denotes the auditory model based framework.
The PESQ is an intrusive objective speech quality measure, which assesses the degrada-
tion between the original speech and the processed speech, with scores ranging from
�0.5 to 4.5 (Ref. 12). Therefore, the original unprocessed speech has the 4.5 PESQ
score. In subjective listening tests, reconstructed sounds from two frameworks are mixed
with original sounds and presented to subjects in a random order through an Audio-
Technica headphone. Eight subjects (22–26 yr old with normal hearing) are asked to
rate the quality of perceived speech in a five-point scale (1: bad; 2: poor; 3: fair; 4: good;
and 5: excellent), which is referred to as the absolute category rating (ACR) scoring. For
each sentence, the average of all subjects’ ACR scores is called its mean opinion score
(MOS).13 The mean and the standard deviation of the MOS across sentences are also
given in Table 1. The reconstructed speech from the proposed framework and the origi-
nal speech yield almost identical MOS scores within experimental error.

As reported in Ref. 12, the PESQ score for most cases is mapped to a MOS-like
score between 1.0 and 4.5, the normal range of MOS values from subjective tests, but may
fall below 1.0 in cases with extremely high distortion. Since only reconstructions of clean
speech are tested in this study, the PESQ scores represent fair estimates of the speech qual-
ity. Both objective and subjective scores in Table 1 indicate the reconstructed speech from
proposed framework by the OLA method possesses higher quality than the reconstructed
speech from the auditory model based analysis-synthesis framework in Ref. 1. Samples of
reconstructed sounds are available at http://perception.cm.nctu.edu.tw/sound-demo.

This spectro-temporal analysis-synthesis framework for Fourier spectrograms
can be used in speech applications where reconstructed sounds are needed. For exam-
ple, we applied the non-negative sparse coding (NNSC) algorithm14 to the output of
each STMF to suppress noises, and then reconstructed a cleaned Fourier magnitude
spectrogram for a speech enhancement application.15 Experimental results demonstrate
the reconstructed speech from this sub-modulation-band NNSC algorithm yields higher
PESQ scores than enhanced speech by a Wiener-filter, which continuously updates the
estimates prior signal-to-noise ratio (SNR) (Ref. 10), in 0–15 dB SNR conditions. In
this speech enhancement application, we only modify the sub-modulation-band enve-
lope/magnitude by the NNSC algorithm but leave the phase unchanged. As a result,
tonal artifacts are emerged in reconstructed sounds especially in low SNR conditions
due to the mismatch between the modified magnitude and the original phase. Therefore,
techniques of phase restoration from the magnitude spectrogram, such as the iterative
one in Ref. 16, might help to further enhance the quality of reconstructed speech in low
SNR conditions and will be investigated in the future development.

4. Conclusion

A joint spectro-temporal analysis-synthesis framework for conventional Fourier spec-
trograms is proposed in this paper. In opposition to the spectro-temporal analysis done
on small patches of the spectrogram,5,6 where the outputs would be affected by the
R-S smearing effects from the 2-D T–F window used in choosing the small patches,
our spectro-temporal modulation filterbank decomposes the Fourier magnitude

Table 1. Objective and subjective quality scores of original clean speech and synthesized speech from proposed
spectro-temporal analysis-synthesis framework and from the auditory model based (Aud_Model) framework in
Ref. 1.

Objective PESQ score mean/Std. Subjective MOS score mean/Std.

Aud_model 3.77/0.25 3.35/0.91
Proposed 4.35/0.10 4.33/0.69
Original 4.50/0.00 4.29/0.85
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spectrogram as a whole and reveals the local modulations of each T–F unit. In sum-
mary, our proposed framework not only presents a similar joint spectro-temporal anal-
ysis process as the auditory model1 but also reconstructs sounds in a timely manner
with less distortion especially when the magnitude spectrogram is modified. Such prop-
erties make our proposed framework feasible for both ASR and HSR applications.
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