values of 7. As shown, a choice of y =0.8 greatly increases the output
SNR, however in subjective terms the quality found was not as good
as choosing y=0.5. Therefore, the choice of y should be based on
both subjective and objective perspectives. As can be seen from the
Table, the proposed method shows significant improvement in SNR
over the reported results under different noisy conditions. Also note
that the proposed method provides impressive results at higher SNRs,
e.g. 25 and 30 dB, where the other methods fail even to hold on to the
input SNR value. The spectrograms shown in Fig. 3 demonstrate the
quality of the denoised speech.

Conelusion: A new soft thresholding strategy has been proposed
from the observation of the amplitude distribution and behaviour of
the DCT coefficients in signal-dominant and noise-dominant regions.
Unlike conventional approaches, a linear function has been suggested
for amplitude threshelding. Significant improvement in the results
in terms of output SNR and quality justify the effectiveness of the
thresholding devised in this Letter. Rescarch is in progress for
determining the optimum value of ¥ dynamically for each subframe.
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Transformation of narrowband speech into
wideband speech with aid of zero crossings
rate

I.Y. Soon, S.N. Koh, C.K. Yeo and W.H. Ngo

An innovative technique, for narrowband to wideband transformation
of speech signals, is proposed. The zero crossings rate is used to
adaptively control the gain of the synthesised upper band speech
leading to significant performance improvement over an existing
technigue. Results are in fact comparable to more complex techniques.
The technique can be implemented at the receiving end alone as it
does not require any side information to be transmitted and can be
easily implemented using finite impulse response digital filiers,

Introduction: 1t is well known that wideband speech is preferred to
narrowband speech by human listeners as shown in an ITU study [1].
Wideband speech normally has a bandwidth of 7 kHz while narrow-
band specch has a bandwidth of only less than 3.8 kHz. However, in
most speech transmission systems, c¢.g. telephone networks, narrow-
band speech is transmitted to save on bandwidth. Narrowband speech
is good enough for voiced sounds in general as their energy is
concentrated in the lower bands but is not as good for unvoiced
sounds which spread to the higher frequencies. These higher frequen-
cles are lost when narrowband speech (s used, which 1s why telephone
speech sounds muffled. Unvoiced speech signals are important as they
contribute significantly to the intelligibility of the speech. Hence it is
desirable to reconstruct the high frequency portion of the unvoiced
signal from the narrowband signal at the receiving end without
requiring any changes to the transmission systems. As the degradation
of wideband speech to narrowband speech is a many-to-one mapping
process, it is mathematically non-reversible. The only propertyhat can
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be exploited to perform the enhancement is the characteristics of the
human speech.

There have been many techniques proposed recently to synthesise or
estimate the missing high frequencies components. Techniques
proposed include using linear predictive (LPC) analysis and vector
quantisation {26}, neural networks [7], statistical recovery method 8]
and nonliner filtering method [9] by Yasukawa. Most of the techruques
proposed, with the exception of [9], are computationally quite intensive
and the improvement may not justify the computation requirements.
The method propoesed by Yasukawa is simple and robust as it does not
involve any vector quantisation, training issues, linear predictive
analysis and synthesis, and its performance is relatively good. However
it does suffer from the common problem of over extending the voiced
signals which results in minor artifacts or distortion. This problem is
also reported in {3, 6.

In the proposed enhancement system, the zero crossing rate (ZCR) fs
used to adaptively adjust the gain of the synthesised upper band signal.
A fixed gain proposed in [9] tends to over enhance the voiced portion of
the speech and under enhance the unvoiced portion. In [4], a
voiced/unvoiced decision is used to reduce this problem, but due to
its binary nature, it does not perform as wel! as the ZCR. Note that the
unvoiced portion normally has high ZCR and the voiced portion has
lower ZCR.

b wideband
signat

narrowband
signal

Fig, 1 Block diagram of proposed system

Wideband synthesis: The block diagram of the proposed narrowband
to wideband transformation is shown in Fig. 1. To recover the wide-
band signal from the narrowband signal, the narrowband signal is first
interpolated using wpsampling-and-lowpass filtering to increase the
sampling frequency to 16 kHz. Next, the bandwidth of the upsampted
signal is doubled by using a full wave rectifier (absolute function) to
obtain an initial estimate of the upper band signal. This is a nonlinear
process. The initial estimate, however, overlaps with the lower band
signal and hence must be highpass filtered. The 3 dB points of the
highpass and lowpass filters are at 3.8 kHz. An additional shaping
filter (SF) is used to shape the upper band signal so that it corresponds
more to the human speech spectral envelope. The shaping filter is a
fourth order finite impulse response (FIR) lowpass filter with a 3 dB
attenuation at 5 kHz.
The zero crossings, z, at sample, n, are defined mathematically as:

z(n) = |sign(x(m)) — sign(x(n — 1))

where
sign(x) =1 x(n) >0
=0 x(n)=10
=—1 x(n)<0

The unvoiced portion of the speech signal has an average of 75 zero
crossings in 15 ms while the voiced portion has an average of approxi-
mately 20 zero crossings in 15 ms. A 15 ms Hamming window is then
applied to the zero crossings signal, z, to obtain the average short time
zere crossing rate (ZCR). The upperband gain can be obtained by
dividing the ZCR by a factor of ten. The divisor can be adjusted if
different degree of enhancement is desired. The synthesised upperband
signal has to be multiplied by the gain before adding to the delayed
narrowband signal. The delay is to compensate for the time taken to
filter the highband signal, so that the correct temporal alignment of the
highband and lowband signal can be achieved. All the filters used are
implemented using digital FIR filters.

Results: Ten wideband speech files taken from the TIMIT database
which has a sampling rate of 16 kHz are first lowpassed at 3.8 kHz
and downsampled to obtain the 8 kHz sampled narrowband speech
files. The reason behind using downsampled files instead of recorded
narrowband speech files is that objective measures can be used 1o
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evaluate the enhancement system. The computation of SNR in the
time domain is not useful as the phase of the estimated high frequency
components will not match that of the original 16 kHz signal. A better
way will be to use the average log spectral distance (LSD) computed
in the Fourier domain.

The average log spectral distance, LSD, between the original wide-
band speech, X, and the reconstructed wideband speech, ¥, is defined as:

1l:=K—-l 1 0.5, . ) 5 0.5
LsD=2 3" [w—J (log, IX(e™)] — log, IY(e/))) dw]

k=0 s J—0.5w

where K is the number of frames with frame size of 512 samples and o,
is the sampling frequency. -

A similar measure, but with the computation restricted to only the
upper band, is also used by some researchers {4, 6]. However some
synthesis techniques do not reconstruct the lower band perfectly and
such distortions may go unnoticed. Hence it is more appropriate to
compute the distance over the entire spectrum.

Table 1: Average log spectral distance

Speech file | ZCR | Yasukawa | Narrowband
F1 1.1037 ] 12386 1.6268
F2 1.2975 | 1.4537 1.7394
F3 1.1853 | 1.2582 1.9041
F4 12022 1.3035 1.9600
F5 1.1628 | 1.3178 1.4268
Mi 11286 | 1.2298 1.8154
M2 1.1217 | 1.1825 i.8066
M3 1.2199 1.4674 1.5419
Ma 1.2063 | 1.4018 1.6563
M5 1.2633 { 1.38%6 1.7477

Average | 11891 | 1.3243 1.7225

The results for 5 sets each of male and female speech are shown in
Table 1. The average log spectral distance is computed between the
enhanced speech using the proposed ZCR method and the original
wideband speech. The same is computed for the Yasukawa [9] method.
It can be seen from Table 1 that both methods produce wideband
speeches which arc superior to the narrowband speech. However, the
proposed ZCR method performs significantly better than Yasukawa’s.
Note that all the speeches arc aligned temporally before the distance
computation. In essence, the ZCR method produces synthesised wide-
band speech which is closer to the original speech with no imitating
distortion heard. The enhanced speech also sounded natural to all
human listeners.

Conclusion: The results of this Letter show that voiced and unvoiced
signals should be treated differently in the narrowband to wideband
transformation and an effective way to accomplish it is to use the zero
crossing rate to adaptively adjust the upper band gain. The proposed
technique is still low in computational requirements despite the addi-
tional step and most human listeners prefer the reconstructed wideband
signal to the original narrowband signal. The proposed technique does
not require transmission of any side information and hence it can he
applied to all narrowband speeches.
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Measurement-based queue length
distribution estimation for power-law traffic

C.M. Leung, J A, Schormans and A.H.I. Ma

Accurate measurement of queue distributions is vital to guarantee the
QoS performance in packet networks, e.g. 1P Measurement is parti-
cularly difficult when the packet traffic is governed by extremely high
variance power laws. A measurement scheme is proposed to estimate
the queue length distribution for agpregate power law ON-OFF
sources multipiexed into a FIFQ queue. This scheme is carried out
on a nen-infrusive basis, se in contrast to active measurement
methods, it will not create extra traffic. The methodology is validated
with simulation, and resuits show excellent agreement between esti-
mated and actual quene length distribution, cven in the presence of
raffic with extremely high variance. This can thercfore be used as the
core mathematical part of a packet network-based assurance
technique.

Introduction: Traffic measurement has been widely proposed as a key
technique for guaranteeing network performance, e.g. for QoS or SLA
validation. At present, thc measurement techniques can be classified
into two major categories: active and passive [1]. In previous work
[2], we proposed a measurement methodology for the end-to-end
delay performance validation, which is based on having theoretical
knowledge of the ‘shape’ of the queue length distribution. We
estimate the queue length distribution by passively monitoring the
queue length during the measuring period (i.e. it can be considered as
a passive measurement method as no probing packets are generated).
However, in [2], we considered only Markovian traffic (ON/OFF
sources with exponentially distributed sojourn and silence time). This
traffic model has been extensively employed to model voice traffic,
but it is not necessarily right to model data traffic as data traffic may
exhibit self-similarity [3]. In this Letter, we propose a further devel-
opment of our previous approach to work for power-law traffic. This
traffic has extremely high variance, and causes problems for measure-
ment-based systems.

Measurement methodology: The measurement methodology is simi-
lar to our previous work [2]. The FIFO queue is logically partitioned
into quenes,,, and queey g, regions via a partition point called ¢,,. The
reason for this logical partition is to separate the packet-scale queuing
and the burst-scale queuing region that occurs when multiplexing on—
off traffic {4]. Five measurement data are required: freq,.. . freqrign,
Grow 04 Ghrp and B After a measurement, freqy,,. and freqpgn
represent the frequency of occurrence of guene,, and quenerg,
region being hit, respectively. gy, and gy, are used to estimate the
mean queve length in the regions. B is the maximum queuc length
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