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ABSTRACT process is applied to training broad-band speech data in order to

. . .. extract the isolated AM-FM signals, which are used to compute
This study presents a novel technique to reconstruct the missing, weighting functionw; that is used to modify the correspond-

frequency bands of band-limited telephone speech signals. Thisi, g harrow-hand AM-FM signals based on a MSE criterion. The
technique is based on the Amplitude and Fre_quency Modulation obtained weighting functions serve in the prediction of the high-
(AM-FM) model, which ”.‘Odel's the speech S|g=na| as the sum of go0 ency missing frequency bands. The estimated signals are
N successive AM-FM signais. Bas_ed on a least-mean-squarepep sed to regenerate the broad-band speech. To reconstruct
error crlter_lon, _each AM-FM signal is mOd'f,'ed using an iter-yne proad-bandwidth speech signal, the modified AM-FM sig-
ative algorithm in order to regenerate the high-frequency AM- o5 a1 accumulated together in the time domain to reconstruct

FM signals. These modified signals are then combined in or- the speech on a frame-by-frame basis. Then these speech frames

der to reconstruct the broad-band speech signal. Experiments, o oncatenated in order to regenerate the broad-band speech
were conducted using speech signals extracted from the NTIMIT signal.

database. Such experiments demonstrate the ability of the algo-

rithm for speech recovery, in terms of a comparison between the Although broad-band speech recovery using multiband analysis

original and synthesized speech and informal listening tests.  was investigated in [4], in this paper we attack the problem using
the AM-FM framework, which facilitates the analysis by limit-
ing the number of the filters required to perform the analysis.
Moreover, the synthesis of the broad-band speech is performed

1. INTRODUCTION by a procedure that uses the inverse fast Fourier transform to

compute each AM-FM signal’s contribution, easily in the time-

The problem of processing band-limited (telephone) speech sig-domain, rather than sets of oscillator functions, as in other sinu-

nals has received considerable attention in order to improve thesoidal models.

subjective speech quality, especially with the significant increase

: - . The outline of this paper is as follows. In section 2, an overview
in speech applications over telephone lines. Telephone speech . ' ;
is usually limited to frequency components in the range 300- of the AM-FM Modulation Model and the energy operator is

3400 Hz, to maintain a minimum intelligibility of the signal given. Then in section 3, we describe'the proposed approach for
while permitting economy of the frequency spectrum in the pub- Speec.h recovery and the system designed for SU(.:h an approach.
lic switched telephone network. Several techniques have beenEXpe_r imental results that_ demo_nstrate the effe_ctlvene_ss of our
proposed in the literature to solve this problem; however such algorithm are presented in section 4. Finally, in section 5 we

techniques suffer from several drawbacks [1, 3, 4]. In this study, conclude and discuss our present and future work.
we present a novel speech recovery technique, which is based

on a multiband analysis of the speech signal which is modeled

using the AM-FM model. We show through experiments that, 2. THE AM-FM MODULATION MODEL
using such a model, we are capable of restoring the missing fre- FRAMEWORK

qguency bands of telephone speech using a Mean Square Error

(MSE) criterion as shown in section 3. The obtained weights

from the MSE algorithm are then used to modify thNeAM- . .

FM narrow-band signals in order to reconstruct the broad-band 2-1- Analysis-Synthesis

speech signal. . . . .
P 9 Motivated by several nonlinear and time-varying phenomena

This novel technique reconstructs the missing frequency bandsduring speech production, Maragos, Quatieri and Kaiser [6] pro-
(i.e., recovers broad-bandwidth speech) of the band-limited tele- posed an AM-FM modulation model that represents each single
phone speech signals via the reconstruction of high-frequencyspeech resonance (formant) as an AM-FM signal. This model
bands of its spectrum using an iterative approach. In this pro- represents each resonance of a speech signal as a signal with a
posed approach, the amplitude and frequency (AM-FM) modu- combined amplitude modulation (AM) and frequency modula-
lation model [6] and a multi-band analysis scheme [7] are ap- tion (FM) structure. Then, the speech sigrét) is modeled as

plied to the speech signal to extract the spectrum of each AM- the sum of N such AM-FM signals, one for each formant, as
FM signal at the successive resonances of the speech signal. Thifollows:
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Figure 1: Spectral Magnitude of the BPF (bandwidth = 400 Hz) Figure 2: Block Diagram of the multiband AM-FM-based Anal-
used to isolate each AM-FM signal component. ysis broad-bandwidth speech recovery system.

be a reasonable value for the bandwidth of such a filter in order
to avoid the effects of neighboring formants.

N t
z(t) = Z‘”(t) cos(zﬁ[fc,it + / qi(r) dr] + gi)7 1) Resonance isolation is performed using a bank of bandpass fil-
p 0 ters. These filters are implemented using a truncated, discretized
BPF FIR filter with impulse response

wheref. ; is the center value of thé" formant frequencyy; (t)

is the frequency modulating signal, amgt) is the time-varying gu(n) = g(n) wu (n), 4)

amplitude. Thei*” instantaneous formant frequency signal is wherew (n) is the Hamming window function

finst.i(t) = fei + qi(t). Inthe discrete-time domain th&"

discrete-time AM-FM signal is defined as

®)

wir(n) = 0.54 — 0.46 cos (27r %), 0<n<L-1,
0, otherwise

zi(n) = a;(n) cos (Qc,i n+ Qm / qi (k) dk), 2
0 which is used to modify and truncate the ideal impulse response

whereq;(n) is the discrete-time amplitude envelogk, ; is the 9(n) given by:

carrier frequency, an@,,, is the modulation frequency. The dig-

ital instantaneous frequency of the discrete-time AM-FM signal, sinfjwg(n — L/2)]  sinjwr(n — L/2)

Qinst.i, is defined as I = — TRy xm—Lj2)]

(6)

Qinst.i(n) = Qei + Qmg(n). (3) wherewy andwy, define the low and high edges of the passband,

) ) respectively, and./2 is the delay required for causality.
Modeled as a sum of AM-FM signals, the speech signal can be

processed easily to estimate several parameters such as the am-
plitude of the envelope, the instantaneous frequency of eachres- 3. \WIDE-BAND SPEECH RECOVERY SYSTEM
onance (peak) at each time instanthe discrete-time energy
operator DEO, the tracking of the formants and pitch extraction. The wide-band speech recovery system proposed in this paper
is based upon a multi-band analysis described in section 2.2 ap-
) . plied to the speech signal modeled using the AM-FM speech
2.2. Multi-Band AM-FM Demodulation model described in section 2. The idea of this proposed approach

By the selection of an appropriate bandpass filter, isolation of IS to modify the spectrum of the high-frequendy successive
an AM-FM signal component could be possible [7]. This is due bands of the bandpa_ss _flltered narrow-band speech signal in or-
to the fact that the wideband FM signal could be restricted to der to restore the missing frequency bands. Such a modifica-
a limited-band signal without losing the original signal if the tion is obtained through an iterative adaptation technique based
limited-band signal contains more th@sf% of the total power of ~ ON @ least square estimate during a training phase. The coeffi-
the original FM signal. Moreover, noise components not falling cients obtained in such a training are then used in order_to modify
within the vicinity of the desired local AM-FM component could the narrow-band spegch spectrum. The_se spectrums, in turn, are
be rejected. then added together in order to synthesize the wide-band speech
signal. Such a reconstruction is performed in the time domain
Toisolate the local modulation energy of an AM-FM signal com-  on a frame-by-frame basis.
ponent, it is necessary to utilize a bank of bandpass filters cen-
tered at each peak of the speech signal with an appropriate band
width. A neighboring spectral peak that has not been eliminated
through bandpass filtering can seriously affect the exact recon-The AM-FM speech analysis window used in this study consists
struction of the synthesized signal. 400 Hz was found in [6] to of three parts: the first and the third parts are half Hamming

3.1. High-Frequency Spectral Estimation
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window, whereas the second part is a rectangular window. This 0 T

window function is given by: Sample Number
50 T T T
1, 1<n<L,—1, 8
wr(n) =4 wg, L, <n<2L,-1, @ £ , | i
1, 2L,<n<N, -1, g
wherewy is the Hamming window function (Eq. 5)Y., is the 50 L L i i i ‘ ‘ ‘ ‘
window length and.., = N,,/3. The frame size]N,,, is chosen 0 5% 200 150 200 250 300 30 400 450 500

Sample Number

equal to30 ms, with10 ms displacement. The AM-FM analysis
window is applied to an equal number of sampl&80(sam-
ples) from the past speech frame, the present speech frame an
the future speech frames, respectively. Then, each windowed
speech frame is transformed into the frequency domain using a
1024-point FFT. Then the spectrum of té AM-FM signals

is computed for each peak in the Fourier spectrum by isolating )
each peak using a filter bank of the bandpass filters (described@ré selected, then corjcatenated together in order to generate the
in section 2.2) centered around each peak. The bandwidth forbroad-band speech signal.

such bandpass filters was chosen to be approximately 400 Hz as

mentioned in section 2.2. 4. EXPERIMENTAL RESULTS

Once we isolate each AM-FM signal, the spectra for these suc- ) ) )
cessive resonances are then modified using an adaptive filter ag he speech corpus for this experiment is a subset of the NTIMIT
shown in Fig. 3. The coefficients of such a filter are obtained database [8]. The NTIMIT database is the telephone-bandwidth
during a training phase, using a least-mean-square (LMS) adap-version of the widely-used TIMIT database, which was sampled
tive algorithm given the IFFT of the spectral obtained from the at16 kl_-|z. Besides band limitation, several kinds of nois_e can be
narrow_band speech Signa[}{iB (n)’ as ’[he input Signa| to such found n the NTIMIT database, SUCh as broadband noise, band'
afilter and the IFFT of the spectral obtained from the broad-band limiting, low frequency hum, crosstalk, dial pulses, shot noise
speech Signak};viB (n)‘ as the desired signal. The output of such and sharp pulses. Utterances from both the TIMIT and NTIMIT
a filter is given By: databases were selected in order to train our algorithm to obtain
the weighting coefficients);. However, sentences outside the
training set were used for the evaluation of the algorithm.

M
~WB - NB .
S (n) = Z‘”i (@)ski (n =9, ®) Figs. 4 and 5 show for different resonance (peak) values that
J=1 using the adaptive filters per peak restores the broadband AM-
WhereggfiB (n) is the estimate of the recovered AM-FM signal FM signal from the narrow-band one around that peak. The more
training data that we use, the more the filter is accurate and our
estimation is better.

igure 4: Comparison of a single AM-FM time waveform of
f=3969 Hz; BW~ 400 Hz) (a) the original broad-band speech,
(b) the narrow-band speech and the (c) the estimated speech.

around the* peak for thek!” frame, M represents the filter's
length andv; represents the filter coefficients for such a peak. In

our experiments, we used filters consisting of 41 taps. Fig. 6 illustrates a typical example of the spectrograms of a
speech utterance uttered by a male, selected from the subset
3.2. Broad-Band Speech Synthesis drl from the TIMIT database, the same utterance uttered by the

same speaker selected from the NTIMIT database and the recon-
Once we have obtained the modified AM-FM signals based on structed broad-band speech utterance using the above-mentioned
the above mentioned LMS algorithm, the synthesis of the broad- algorithm. This figure indicates that most of the missing fre-
band speech is performed by the summation of the modified quency bands have been reconstructed. The amount of accuracy
AM-FM signals, 3}/ (n), in order to obtain the speech sig- of such a reconstruction depends on several factors such as: the
nal for each framé;, 3} Z(n). Then, for each of these signals, amount of training data used to design the adaptive filters (in
only the second 160 samples, which represent the current framepther words, how accurate is the adaptive filter), the number of
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Figure 5: Comparison of a single AM-FM time waveform Figure 6: Comparison of the spectrograms of (a) the original
(f.=5547 Hz; BW= 400 Hz) of (a) the original broad-band broad-band speech, (b) the narrow-band speech and the (c) the
speech, (b) the narrow-band speech and the (c) the estimatedecovered speech.

speech.
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