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Speech is the natural form of human to human communication 

Purpose of speech processing is to  

understand speech as a means of communication; 

represent speech for transmission and reproduction; 

analyze speech for automatic recognition and extraction of information. 

discover some physiological characteristics of the talker. 

 

Linguistics  :Science of languages 

Phonetics :Study of speech sound 

   Production, transmission, reception, classification, transcription 

Phonemes :smallest set of units, ’distinctive sounds’ 

Phonemics :study of phonemes 

Syntax  :analysis of grammatical structure of textual material 

Semantics : analysis of meaning of textual material 

 

Applications 

Digital transmission and storage 

Speech synthesis 

Speaker Verification and identification 

Speech recognition 

Aids to the handicapped 

Enhancement of signal quality 

Language Translation  

 

 

Sources of sound 

Turbulence: air moving quickly through a small hole (e.g./s/ in “size”) 

 Explosion: pressure built up behind a blockage is suddenly released (e.g. /p/ in “pop”) 

 Vocal Fold Vibration: like the neck of a balloon (e.g. /a/ in “hard”) 
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The acoustic intensity (I) of a sound is the average flow of energy through a unit area, measured in 

units of 𝑊/𝑚2. The range of audible intensities is between 10−12𝑊/𝑚2 to about 10𝑊/𝑚2, 

corresponding to the range from threshold of hearing to the threshold of pain. 

𝐼0 = 10−12𝑊/𝑚2 

Intensity LEVEL  is relative to threshold of hearing 

𝐼𝐿 = 10𝑙𝑜𝑔10

𝐼

𝐼0
 

Sound Pressure level 

𝑆𝑃𝐿 = 20𝑙𝑜𝑔10

𝑃

𝑃0
 

𝑃0 = 0.00002𝑁/𝑚2 

Upper limit 20kHz tends to decrease with age. Ear drums are sensitive to air pressure.  They can 

detect pressure changes as small as 2 × 10 - 10  atm or as great as 1atm . Lower limit of audibility is 

defined as 0dB . Ear can be well exposed to sound to short period in excess of 120 dB without 

permanent harm.  

Ear shows peak of sensitivity between 1kHz and 5kHz though threshold changes with age.  

 

 

Analog (continuously varying) signal 𝑥𝑎 𝑡 → 𝑥 𝑛 , quantized in both time and amplitude 

 

𝑥 𝑛 = 𝑥𝑐 𝑛𝑇  

Sampling period  T 

Sampling rate  𝐹𝑠 = 1
𝑇  

Number of quantized levels 2𝐵  

Number of bits per sample B 

Typical sampling rates 

𝐹𝑠(Hz) T 

8000 126s 

10,000 100s 

16,0000 62.5s 

40,0000 25.0s 
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Uniform quantization and non uniform quantization 

Speech Coders 

 Existing speech coders can be divided into three groups: parametric coder, waveform 

approximation coders, and hybrid coders. Parametric coders are not expected to reproduce the 

original waveform; they reproduce the perception of the original. Waveform approximating 

encoders, on the other hand are not expected to replicate the input speech waveform as the bit rate 

increases. Hybrid coding is a combination of two or more coders of any type for the best subjective 

performance at a given bit rate.  

 

 

Speech Coding Techniques 

Waveform Approximation Coders: Expected to reproduce the original waveform 

Parametric Coders: Not expected to reproduce the waveform , they reproduce the perception of the 

original 
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Hybrid 

 

Organizations 

ITU: International Telecommunication Union ( Previously  CCIT) 

ETSU: European Telecommunications Standards Institute 

TIA: Telecommunication Industries Association 

Sampling and Quantization 

 

𝑥 𝑛 = 𝑥𝑎 𝑛𝑇  

Sampling theorem 

𝑋𝑎 𝑗𝜔 =  𝑥𝑎 𝑡 𝑒−𝑗𝜔 𝑡
∞

−∞

𝑑𝑡 

The sampling theorem states that if a signal 𝑥𝑎 𝑡  has a bandlimited Fourier transform such that 

𝑋𝑎 𝑗𝜔 = 0 for  𝜔 ≥ 2𝜋𝑊 then the analogue signal can be reconstructed from its sampled version 

if   𝑇 ≤ 1/2𝑊. W is called the Nyquist frequency. 

𝑥𝑎 𝑡 =  𝑥𝑎 𝑛𝑇 
sin

𝜋 𝑡 − 𝑇 
𝑇

𝜋 𝑡 − 𝑇 
𝑇

𝑛=−∞

𝑛=−∞

 

Channel Transmission Bit Rate: 𝑇𝑐 = 𝐵𝐹𝑠 bits / second 

 

Qunatization Error 

Uniform Quantization: 6.02dB 

 


