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Abstract

Shawky M. Galal Foda. “A Method For Nonuniform Sampling of Signals with
Application to Speech Encoding.”, Master Degree. Am Shams University. Faculty
of Engineering. Electronics and communications Eng. Dept. 1997,

In digital communication a uniform sampling of signals is usually used where the
inter-samples intenvals are constant and egqual to the inverse of the Nvquist sampling
frequancy which is calculated to be twice the maximum frequency component in the
signal. Some signals have the nature of being nonstationarv, where its statistical
characteristics 1s varving with time, and one of these characteristics is the maximum
frequency component in the signal.

Speech signal 1s a nonstationary signal and its maximumn frequency component is
varving with time. The conventional uniforin sampling rate of speecl signal is equal
tc 8 kHz where the maximum frequency component in the speech signal iz
considered to be 4 kHz. This maximum frequency component, in fact, occurs in
short intervals of time and during most of the speech signal intervai the maximum
frequency component is less than this value. So during these intenals of low
maximum frequency component ( low bandwidth ) the 8 kHz sampling frequency 1s
considered to be over-sampling frequency and results in a high amount of redundant
information which degrades the efficiency of the speech coder. many efforts are
done to overcome this problem by using a variable or nonuniform sampling rate.

In this thesis a survev of nonuniforim sampling rate methods 15 muroducad ard a
simple technique for continuous variable sampling rate 15 proposed The sampung
rate of the proposed msthod is continuously varied according to the amoun: of
information (not ondv the tate of change) in the speech signal. The proposed metiod
is studied using a sinusoidal tzst sigmal and a real speech signal. The quality of the
decoded speech signal is compared with that of the uniform sampling method usig
a sampiing frequency equal fo the resulting average nonunifenn sampling frequency
in order to maintain the same average bit rate.
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The signals shown in figure(1-1) illustrate the great varety of the character of speech
wave. Sometimes periodic or quasi periodic, other times a mixture of periodic and random-like
signals, and some times the waveform appears like random noise. A 10 ms time interval is shown
in figure(1-1), 2 speech coder operating for exampfe, at 4kb/s must be able to describe any such
10 ms segment (80 sampies ) using only 40 binary digits in such a way that the segment will be
reproduced with an accuracy sufficient to ensure that it will sound very close to the original[20].

[\N\N‘ANW\NW‘"M\N\NW”V\W\/\/\W“\N\NWW

s %-V[\«m-\/\q_f\
ity e

Figure(1-1): Example of speech waveform [20]
1.3-Compression of Speech signal

Compression of speech has been an ongoing area of research for several decades. In the fast
several years, "there has been an inierest and activity In this area with numerous applications in
telecommunication and storage. High fidelity audio compression has also advanced rapidly in
recent years , accelerated by the commercial success of consumer and professional digital audio
products. The surprising growth of compression techniques is driven by the insatiable dernand for
voice communication , by the new generation of technology for cost effective implementation of
digital signal processing algorithms, by the need to conserve band width in both wired and
wireless telecommunication networks, and the need to conserve disk space in digital voice storage
systems. As shown in figure{1-2) most of these efforts are focused on:

I-The usual telephone bandwidth of roughly 3.2 kHz (200 Hz to 3.4 kHz) with sampling rates
of 8 kHz,

2- Wideband speech (7 kHz ) for audio in video teleconferencing with sampling frequency of
16 kHz

3-Wideband audice signal (typically 20 kHz bandwidth) for transmission and storage of CD
quality music with sampling rates up to 44.1 kHz.

Wideband
Speech

Music CD Quality

Telephone

3.4 kHz TkHz 20 kHz

Figure(1-2) Tyvpes of signals
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Another new area of application 1s multimedia in personal computing where voice siorage is
becoming a standard feature.

Virtvallv ail work in speech and audio compression mvolves lossy compression where the
numerical representation of the signal samples is never recoversd exacily after decoding
fdecompression]. There is a wide range of tradeoffs berween bit rate and recovered speech quality
tha: are of particuiar interest in the coding of telephone speech | where users are accustomed to
cerai,  degrees of degradation. On the other hand . for wide band audio compression the quality
15 close to that of the compact disk (CD) Thus research in speech compression includes studies
for distortion-rate tradeofTs motivated by different applicaiions with differen: zuality objectives,

High Data Rate High Data Rarte
Original ! ] Reproduced
Speech: . ) v — Speech
—* A/D [ Encoderi—» % |Decoder —» oy
- ) \\ : |
ow Data Rat
Compress Decompress
(RECO}'d) (P!ﬂ)}
i Storage :

Frgarei 1-3) Compression and Decompression of speech

Figure(1-3) 1s a schematic diagram illustrates the purpose of the encoding process which
enables low data transmissior. rates and less storage capacity.

L4-VWaveform coders versus voice coders (vocoders}

|- Waveform coders,
2- Vocoders fvoice coders)

Ta
=0

ot the origipal speeg! WENSIOMD OF ampiitucs versus time, so thar the rerroduzed signal
Erprovinate the original wavelorm and, consequentlv. provides an approvimare recrestion of the

origina: seund

Wavelorm coders (non-paramertic) are psed 1o compress tefephone.

th signal fesigned w0 efficientiy quantize any audio wavefom
new and unpredictable information Suck coders are robust for diverse st
accomplish high compression

In comrast. }ocoders do not repreduce an 2pproximation 10 the orizi=al waveform, instead.
parameters thar characterize ind:vidual sound sepments are specified and transmitted 1o the
gecoder. which then reconstructs 2 rew and different wavefarm that wiit have a similar sound
Focoders are someiimes called parametric coders, while waveform coders called nonparametric
coders. Often these paramerters characierize the shart term specirum of e sound Alternaiively
v amarhematica! model of fuman speech rroduction suited o a paricuiar
seund T either case the parameters do not provide sufficient information 1o regenerate an
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