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Comp30291 : Digital Media Processing 2009-10
Section 8: Processing Speech, Music & Video
8.1. Digitising speech:  

Traditional telephone channels normally restrict speech to a band-width of 300 to 3400 Hz.  This band-pass filtering is considered not to cause serious loss of intelligibility or quality, although it is easily demonstrated that the loss of signal power below 300 Hz and above 3400 Hz has a significant effect on the naturalness of the sound.  Once band-limited in this way the speech may be sampled at 8 kHz, in theory without incurring aliasing distortion.  The main “CCITT standard” for digital speech channels in traditional non-mobile telephony (i.e. in the “plain old fashioned telephone system” POTS) is an allocation of 64000 bits/sec to accommodate an 8 kHz sampling rate with each sample quantised to 8 bits per sample.  This standard is now officially known as the “ITU-T G711” speech coding standard.  Since the bits are transmitted by suitably shaped voltage pulses, this is called "pulse-code modulation" (PCM).  

Exercise: Why are the lower frequencies, i.e. those below 300Hz, are normally removed? 

8.1.1.International standards for speech coding:  

The CCITT which stands for “Comite Consultif International de Telephonie and Telegraphie” was, until 1993, an international committee responsible for setting global telecommunication standards.  This committee existed up to 1993 as part of the “International Telecommunications Union” (ITU) which was, and still is, part of the “United Nations Economic Scientific & Technical Organisation (UNESCO)”.  Since 1993, the CCITT has become part of what is now referred to as the “ITU Telecommunications Standards Sector (ITU-T)”.  Within ITU-T are various “study groups” which include a study group responsible for speech digitisation and coding standards.

With the advent of digital cellular radio telephony, a number of national and international  standardisation organisations have emerged for the definition of all aspects of particular cellular mobile telephone systems including the method of digitising speech.  Among the organisations defining standards for telecommunications and telephony the three main ones are the following:

· “TCH-HS”: part of the “European Telecommunications Standards Institute (ETSI)”.  This body originated as the “Groupe Special Mobile (GSM)” and is responsible for standards used by the European “GSM” digital cellular mobile telephone system.   

· “TIA” Telecommunications Industry Association.  The USA equivalent of ETSI.

· “RCR” Research and Development Centre for Radio Systems” the Japanese equivalent of ETSI.  

Other telecommunications standardising organisations, generally with more restricted or specialised ranges of responsibility, include the “International Maritime Satellite Corporation (Inmarsat)” and committees within NATO.  

Standards exist for the digitisation of “wide-band” speech band-limited, not from 300 to 3.4 kHz, but from 50 Hz to 7 kHz.  Such speech bandwidths give greater naturalness than that of normal telephone (“toll”) quality speech and are widely used for teleconferences.  An example of such a standard is the “ITU G722” standard for operating at 64, 56 or 48 kb/s.  To achieve these reduced bit-rates with the wider speech bandwidth requirement, fairly sophisticated “compression” DSP techniques are required.  A later version of G722 incorporating 24kb/s and 16 kb/s requires even more sophisticated DSP compression algorithms.

8.1.2. Uniform quantisation:  Quantisation means that each sample of an input signal x(t) is approximated by the closest  of the available “quantisation levels” which are the voltages for the binary numbers of given word-length.  

Uniform quantisation means that the difference in voltage between successive quantisation levels, i.e. step-size, delta ((), is constant.  With an 8-bit word-length, & input range -V to +V, there will be 256 levels with ( = V/128.  If x(t) is between (V, & samples are rounded, uniform quantisation produces error between ((/2.   For each sample with true value x[n], the quantised value is

 x[n]  +  e[n]  where e[n] is an error sample satisfying: ((/2  (  e[n]  (  (/2

If x(t) ever becomes larger than +V or smaller than (V, overflow will occur and the magnitude of the error may become much larger than (/2.  Overflow should be avoided.  Then the samples e[n] are generally unpredictable or “random” within the range ((/2 to (/2.  Under these circumstances, when the quantised signal is converted back to an analogue signal, the effect of  these random samples is to add a random error or “quantisation noise” signal to the original signal x(t).  The quantisation noise would be heard as sound added to the original signal.   The samples e[n] may then be assumed to have a uniform probability density function (pdf) between -(/2  and (/2 .  In this case, the probability density function (pdf) of e[n] must be equal to 1/( in the range -(/2 to (/2, and zero outside this range.  It may be shown that the mean square value of e[n] is:
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This becomes the ‘power’ of the analogue quantisation error (quantisation noise) in the frequency range 0 to fs/2 Hz where fs is the sampling frequency, normally 8 kHz for telephone speech.

8.1.3. Signal-to-quantisation noise ratio (SQNR):  This is a measure of how seriously a signal is degraded by quantisation noise.  It is defined as:
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With uniform quantisation, the quantisation-noise power in the range 0 to fs/2 Hz is (2/12 and is independent of signal power.  Therefore the SQNR will depend on the power of the signal, and to maximise this, we should try to amplify the signal to make it as large as possible without risking overflow.   It may be shown that when we do this for sinusoidal waveforms with an m-bit uniform quantiser the SQNR will be approximately 6m +1.8 dB.  We may assume this formula to be approximately true for speech.

Difficulties can arise in trying to fix the degree of amplification to accommodate telephone users with loud voices and also those with quiet voices with a step-size ( is determined by the ADC.  If the amplification accommodates loud voices without overflow, the SQNR for quieter voices may too low.  To make the SQNR acceptable for quiet voices we risk overflow for loud voices.  It is useful to know over what dynamic range of input powers the SQNR will remain acceptable to users. 
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8.1.4. Dynamic Range:  
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Assume that for telephone speech to be acceptable, the SQNR must be at least 30dB.   Assume also that speech waveforms are approximately sinusoidal and that an 8-bit uniform quantiser is used. What is the dynamic range of the speech power over which the SQNR will be acceptable?
       Dynamic range = 10log10( (Max possible signal power) / ((2/12) ) 

                                                      (10 log10 ( (min power with acceptable SQNR) / ((2/12) )

                          = Max possible SQNR (dB)  -  Min acceptable SQNR (dB)

                          =  (6m + 1.8)  (  30      =    49.8 ( 30    =    19.8 dB.

This calculation is easy, but it only works for uniform quantisation.  Just subtract ‘minimum acceptable SQNR’ from ‘maximum possible signal power’, in dB.  This is a rather small dynamic range, not really enough for telephony.

8.1.5. Instantaneous companding:  Eight bits per sample is not sufficient for good speech encoding (over the range of signal levels encountered in telephony) if uniform quantisation is used.  The problem lies with setting a suitable quantisation step-size.  If it is too large, small signal levels will have SQNR below the limit of acceptability; if it is too small, large signal levels will be distorted due to overflow.   One solution is to use instantaneous companding where the step-size between adjacent quantisation levels is effectively adjusted according to the amplitude of the sample.  For larger amplitudes, larger step-sizes are used as illustrated in Fig 8.1.
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This may be implemented by passing x(t) through a “compressor” to produce a new signal y(t) which is then quantised uniformly and transmitted or stored in digital form.  At the receiver, the quantised samples of y(t) are passed through an “expander” which reverses the effect of the compressor to produce an output signal close to the original x(t).
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                                                                         Fig 8.2

A common compressor uses a function which is linear for (x(t)(close to zero and logarithmic for larger values.  A suitable formula, which accommodates negative and positive values of x(t) in the range –V to +V is:
[image: image5.wmf]
where sign(x(t)) =1 when x(t) ( 0 and (1 when x(t) < 0, K  = 1+ loge (A) and A is a constant.  This is ‘A-law companding’ which is used in UK with A = 87.6 and K = 1+loge(A) = 5.473.  This value of A is chosen because it makes A/K = A/(1 + loge(A)) =16.  If V=1, which means that x(t) is assumed to lie in the range (1 volt, the ‘A-law’ with A=87.6 formula  becomes:

A graph of y(t) against x(t) would be difficult to draw with A=87.6, so it is shown below for the case where A (10 making K(3. 


With A=10, 10% of the range ( (1) for x(t), i.e. that between (1/A, is mapped to 33% of the range for y(t).  When A=87.6, approximately 1.14 % (100/87.6) of the domain of x(t), is linearly mapped onto approximately 18.27 % of the range of y(t).  The effect of the compressor is amplify ‘small’ values of x(t), i.e. those between (V/A so that they are quantised more accurately.  .  When A=87.6, ‘small’ samples of x(t) are made 16 times larger.  The amplification for larger values of x(t) has to be reduced to keep y(t) between (1.  The effect on the shape of a sine-wave and a triangular wave is illustrated below.






The expander formula, which reverses the effect of the 'A-law' compressor, is as follows:
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Without quantisation, passing y(t) back through this expander would produce the original signal x(t) exactly.  To do this, it reduces the ‘small’ samples between (1/K by a factor 16 (when A=86.6). If y(t) is uniformly quantised before compression, any small changes affecting samples of y(t) between (1/K will also be reduced by a factor 16.  So the step-size ( used to quantise y(t) is effectively reduced to (/16.  This reduces the quantisation noise power from (2/12 to ((/16)2/12,  and thus increases the SQNR by a factor 162 = 256.  Therefore, for ‘small’ signals the SQNR is increased by 16 dB as:

10log10(162) = 10 log10(28) = 80log10(2) (  80x0.3 = 24

The quantisation noise reduces by 24dB, the signal power remains the same so the SQNR increases by 24dB in comparison with what it would be with uniform quantisation,  for ‘small’ signals x(t) in the range (1/A. 
Consider what happens to changes to ‘large’ values of x(t) due to quantisation   A sample of x(t) in the range (1 is ‘large’ when its amplitude ( 1/A.  When x(t) =1/A, the SQNR at the output of expander is:


( 35 dB

When |x(t)| increases further,  above 1/A towards 1, the quantisation-step increases in proportion to |x(t)|.   Therefore, the SQNR will remain at about 35 dB.  It will not increase much further as |x(t)| increases above 1/A.  Actually it increases only by 1 dB to 36 dB.  To the human listener, higher levels of quantisation noise will be masked by higher signal levels.  When the signal is loud you don’t hear the noise.  When signal amplitudes are small there is less masking so we want the quantisation error to be small.  
‘A-law’ companding works largely because of the nature of human perception.  As it affects x(t), the quantisation noise gets louder as the signal gets louder. There may be other factors as well, noting that with speech, there seem to be many ‘small’ or smaller amplitude samples. For any signal x(t) with most sample amplitudes larger than about V/32, the SQNR will remain approximately the same, i.e. about 36 dB. for an 8-bit word-length.   This SQNR is likely to be acceptable to telephone users.   Since A-law companding increases the SQNR by 24 dB for ‘small’ signals we can now fall to lower amplitudes before quantisation noise becomes unacceptable.  Remember (section 8.1.4) that with 8-bit uniform quantisation, the dynamic range (assuming a minimum SQNR of 30dB is acceptable) is 19.8 dB.  In extending the range of acceptable ‘small’ signals by 24 dB, the dynamic rage is increased by 24 dB and now becomes approximately 43.8 dB.  

The dynamic range for a 12-bit uniform quantiser would be 6x12+1.8 -30 = 43.8 dB.  So A-law companding with A=87.6 and 8-bits per sample gives the same dynamic range as would be obtained with 12-bit uniform quantisation.  As may be seen in the graph below, the quantisation error for 'A-law' becomes worse than that for '8-bit uniform' quantisation for samples of amplitude greater than V/K and that this is the price to be paid for the increased dynamic range.



In the USA, a similar companding technique known as ‘(- Law’  ('mu'-law) is adopted:
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When |x(t)| < V / (  this formula may be approximated by y(t) =  ( (  / loge(1+() )x(t)/V 

since loge(1+x) ( x ( x2/2 + x2/3 - … when |x| < 1.  Therefore (-law with ( = 255 is rather like A-law with A=255, though the transition from small quantisation-steps for small values of x(t) to larger ones for larger values of x(t) is more gradual with (-law.

For both ‘A-Law’ and ‘mu-law’, y(t) can be generated from x(t) by means  of an analogue or digital compression circuit.  In analogue form, the circuit could be a non-linear amplifier (comprising transistors, diodes and resistors).  A digital compressor would convert from a 12-bit uniformly quantised representation of x(t) to an 8-bit uniformly quantised version of y(t) by means of a "look-up" table stored in memory.  Alternatively, it may be realised that the 8-bit G711 ‘A-law’ sample is in fact a sort of ‘floating point number with bits allocated as shown below.

[image: image8]Such samples are generally transmitted with the even order bits M0, M2, X0, and X2 inverted for some reason.  The value represented is 

                                         (-1)S+1 . m . 2x-1
where the exponent x = (X2 X1 X0)2 , S is the ‘sign’ bit, and the mantissa m is:

                       m  = (1 M3 M2 M1 M0 1 0 0 0)2  if  x>0  

                           or  (0 M3 M2 M1 M0 1 0 0 0)2 if x=0

8.2 Further reducing the bit-rate for digitised speech

A conventional PCM system encodes each sample of the input waveform independently and is capable of encoding any wave-shape so long as the maximum frequency component is less than one half of the sampling frequency.   Analysis of speech waveforms, however, shows that they have a degree of predictability and general trends may be identified allowing one to make estimates as to which sample value is likely to follow a given set of samples.  The existence of this predictability means that part of the information transmitted by conventional PCM is redundant and that savings in the required bit-rate can be achieved.

Speech has 'voiced' and 'unvoiced' parts corresponding to spoken 'vowels' and 'consonants' respectively.  The predictability lies mostly in the voiced speech portions, and these are the loudest (in telephone speech) and the most critical.  Voiced speech has periodicity which means that a 'characteristic waveform', looking like a decaying sine-wave, is repeated periodically (or approximately so) when a vowel is being spoken.



The shapes of the individual characteristic waveforms for voiced speech are to some extent predictable from the first few samples.   Also, once one of these characteristic waveforms has been received, the next one, being similar, can be predicted in its entirety.  The prediction will not be 100% accurate and a "prediction error" signal is sent to correct the errors.  Sending an error signal, however, is more efficient than sending the whole voiced speech waveform.     





A study of voiced speech and the mechanism by which it is produced by humans reveals that the decaying sine-wave shape of each characteristic waveform is due to vocal tract resonances, i.e. the way sound is 'coloured' by the shape of the mouth.  Imagine clapping your hands in a ‘cave’ or large empty building.  You are ‘impulsively exciting the cavity and you hear resonance and perhaps even echoes.  The nature of the resonance or echoes depends on the shape of the cave or building.  If you clap your hands repeatedly say once per second, you will get a repeated sequence of decaying sine-waves.   In the same way, impulses caused by the vocal cords vibrating and ‘snapping closed about say 120 times per second repeatedly excites the cavity which is your mouth.   The similarity of repeated characteristic waveforms is due to the pitch of the voice as controlled by the vocal cords.

Unvoiced speech does not have this approximately periodic form and is a random or noise-like waveform.  In speech band-limited from 300 to 3400 Hz, it is generally lower in amplitude than voiced speech and the exact shape of its noise-like waveform is not critical for perception.  Almost any noise-like waveform will do as long as the energy level is correct, i.e. it is not too loud nor too quiet. Encoding unvoiced segments of speech is easier than encoding voiced segments if we go to the trouble of separating them at the transmitter and encoding them in separate ways.  

These known characteristics of speech can be exploited to reduce the required bit-rate.  Further bit-rate savings are possible by exploiting what we know about human perception, i.e. how sound is heard by the human ear.  Some of the factors which allow speech bit-rate compression are listed below:-

1. Higher amplitude sample values can be quantised less accurately than lower ones since perception of the quantisation noise will be masked by the higher signal value.  This factor is exploited in A-law quantisation.

2. Adjacent samples are usually fairly close in value, therefore encoding the differences between adjacent samples rather than the sample values themselves is generally more efficient for speech.

3. For voiced speech, ‘characteristic waveforms’ are repeated quasi-periodically.

4. The shape of each characteristic waveform is, to some extent, predictable from the first few samples.

5. In 300-3400 Hz bandlimited speech, unvoiced segments are generally quieter than voiced segments and only the energy, rather than the wave-shape itself,  is critical for perception.

6. In a 2-way conversation there will be pauses in speech of about 60 % duration per speaker.

7. The human ear is generally considered insensitive to the phase spectrum of telephone speech, therefore only the magnitude spectrum need be correct.

8. The ear is more sensitive in some frequency ranges than in others

9. The audibility of low level frequency components will be 'masked' by adjacent higher level components, thus allowing the masked components to be not transmitted.

8.2.2. Differential coding: (Not on syllabus 2009-10)
The principle of differential coding is to encode the differences between samples rather than the samples themselves.  Where the differences are transmitted by PCM this is called “differential PCM” or for short, “DPCM”.

8.2.3. Simplified DPCM coder and decoder (omit 2009-10)






The quantiser effectively adds a “quantisation noise” sample q[n] to each difference sample e[n].  Assuming that at some time n,  
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[n-1] at the receiver is equal to s[n-1] at the transmitter 

( e.g. both may be zero on “switch-on”),  then 
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ˆ

[n] will be equal to s[n-1] +e[n] + q[n].  Therefore:
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ˆ

[n]  =  s[n-1] + (s[n] - s[n-1]) + q[n]    =    s[n] + q[n]. 

If q[n] is small then this means that s[n] ( 
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[n].  Now since 
[image: image13.wmf]s
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[n]  ( s[n] it follows also that 
[image: image14.wmf]s

ˆ

[n+1]  will be close to s[n+1], and so on for sample n+2, n+3, etc.  

Samples of {e[n]} should be smaller than those of {s[n]} for signals such as voiced speech (spoken vowels).  This is because, as frequency spectral analysis of short segments of vowel sounds would reveal, the power is considerably greater at lower frequencies (i.e. below about 1 kHz) than at higher frequencies in the range 0 Hz to 3.4 kHz.  Consequently, large changes in the time-domain waveforms will tend to quite occur gradually and any rapid changes will be relatively small in magnitude.  Unvoiced speech sounds (consonants) do not have these properties, but in telephone speech, they tend to be much lower in magnitude than vowels.  Hence it is argued that speech is well suited to differential coding, and similar arguments can be put forward for video.  Because the amplitudes of samples of {e[n]},  are expected to be mostly lower than those of {s[n]},  it may be anticipated that samples of {e[n]} can be encoded more accurately given the same number of bits per sample; or equally accurately using fewer bits per sample. 

Although the diagrams above illustrate the principle of differential encoding, they need to be modified in two ways to make them practical. Firstly we modify the receiver by multiplying 
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by a constant ( slightly less than one (say ( = 0.99) before it is added to 
[image: image16.wmf]]

[

ˆ

n

e

.
[image: image17.wmf]This causes any difference between 
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 at the transmitter and 
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 at the receiver, as would exist at "switch-on" for example or after a channel error, to be gradually reduced over about 100 samples or so and eventually forgotten.   Secondly we modify the transmitter by incorporating a copy of the receiver to derive s[n] as it would be seen at the receiver.  Then instead of quantising and transmitting the difference between s[n] and s[n-1], we quantise and transmit the difference between s[n] and (
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[n-1].  This means that the transmitter takes into account the fact that when 
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 is constructed at the receiver, it may be different from s[n] at the transmitter because of the effects of quantisation.  It is clearly better to try to send e[n] = s[n]
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e[n] = s[n](s[n-1] since adding e[n] on to 
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 at the receiver would then produce s[n] exactly.  However we have to quantise e[n] and the effects of this quantisation of e[n] mean that we don't quite get s[n] at the receiver.
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Encode the difference between s[n] and (s[n-1] instead of the difference between s[n] and s[n-1].  The diagram above simplifies to:
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DPCM with an adaptive quantiser, i.e. with a PCM coder which adapts its step-size according to the characteristics of the signal e[n] forms the basis of the ITU “32 kb/s ADPCM” (G726)  standard for speech coding. 

8.2.4. Linear prediction coding (LPC) – Omit 2009-10:

The concept of differential coding may be described in terms of prediction. Consider again a differential quantiser as shown below:




The reconstructed speech sample at time n-1, i.e. s[n-1], may be considered as a prediction to the next true speech sample s[n].  The "z-1" box means "delay by one sample".  We are predicting that the true speech sample will be identical to the previous reconstructed sample.  The prediction will not be totally accurate and the prediction error will be e[n] as indicated.  If the prediction is good, s[n-1] will be close to s[n] and e[n] will be small.  Fewer bits will then be needed to quantise e[n] to a given accuracy.  

It is conceivable that better prediction may be made from a knowledge of not only one previous value of s[n], but of several previous samples.  A trend may be discernible in such samples which may be useful.   Therefore, we form a prediction to each input sample s[n] by summing a number of consecutive previous samples of s[n], each multiplied by a constant, as illustrated below:-
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The prediction is being calculated by an FIR digital filter whose coefficients are b1, b2, b3, ..., bM .  It is of order M.  We can call it a digital “short term prediction” filter.  The short term prediction filter must be adaptive, i.e. its coefficients must be changed every 100 or 200 samples say.  This means that a new set of coefficients must be calculated for each block of typically 10 or 20 msec of speech.  Instead of coding and transmitting speech samples s[n], we code and transmit the "prediction error" e[n] and coefficients b1, b2, ..., bM for each block of say 100 or 200 samples.  From this information, a receiver can reconstruct an approximation 
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[n] to the speech s[n] as follows:
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M is normally between 6 and 12.  The error signal {e[n]}, apart from being reduced in power as compared with the input speech has special properties which allow a satisfactory approximation to be coded very efficiently.  In fact, all that is needed at the receiver to obtain intelligible speech is to replace {e[n]} by a quasi-periodic series of impulses for voiced speech and a pseudo-random noise-like waveform for unvoiced.  The energy must be correct, and also the periodicity for voiced segments. Therefore, a 'stylised' representation of {e[n]} may be transmitted for each speech block as follows:

(i)   An unvoiced/voiced decision parameter (1 bit)

(ii)  An amplitude parameter ( a single number: 8 bits say)

(iii) A pitch-period parameter (a single number: 8 bits say)

Therefore for 20 ms blocks of speech, if we represent {e[n]} in this stylised way and represent the 10 short term prediction filter coefficients using a total of 31 bits, we need only transmit 48 bits per 20 ms frame which means an overall bit-rate of 2400 bits/second.

Bit-rates of 2.4 kbits/sec and below may thus be achieved, with some loss of speech quality, and linear prediction (LPC) coders at such bit-rates are widely used in military communications. However, the speech quality obtainable at bit-rates as low as 2.4 kb/s is not yet good enough to be acceptable for commercial telephony. You can hear examples of “LPC-10”, i.e. 10th order linear prediction coding as used at 2400 bits/s for military communications, on various web-sites.

8.2.5. Waveform coding and parametric coding. (omit 2009-10)
We have now seen examples of two different types of coding: waveform coding and parametric coding.  PCM, and differential PCM are waveform coding techniques which try to preserve the exact shape of the speech waveform as far as possible with the allowed bit-rate.  They are relatively simple to understand and to implement, but cannot achieve very low bit-rates.  Linear predictive coding (LPC) is a parametric technique.  It does not aim to preserve the exact wave-shape, and represents features of the speech signal which are expected to be perceptually significant by sets of parameters such as the bi coefficients and the parameters of the stylised error signal.  Parametric coding is considerably more complicated to understand and implement than waveform coding, but can achieve much lower bit-rates.

8.2.6. “Regular pulse excited linear predictive coding with long term prediction” (RPE-LTP)

(omit 2009-10)
This is the original speech coding technique used by GSM mobile telephones and is known as the “GSM 06.10” algorithm.  It is one of many linear prediction speech coding techniques in regular use in mobile telephony, and is considered to be relatively simple by today’s standards.  Its bit-rate is 13 kb/s which is a considerably less than the 64 kb/s of G711 (A-law or mu law PCM).  This produces 260 bits for each 20 ms block of speech.  Error control coding (FEC) allows bit-errors to be detected and sometimes corrected and this adds 196 bits per 20 ms speech block to produce 456 bits per block and an overall bit-rate of 22.8 kb/s. 

The RPE-LTP algorithm is based on the concept of short term linear prediction described above and calculates the short term prediction filter coefficients and the short term prediction error {e[n]} in the same way.  Also, it determines the periodicity within voiced speech due to the vibration of the vocal cords.   However, it does not adopt the “stylised” description of {e[n]} used to achieve very low bit-rates (around 2.4 kb/s) with considerable loss of quality.  

Instead, RPE-LTP then employs a ‘long term prediction’ (LTP) filter to cancel out this periodicity as far as possible from the residual e[n].  If the ‘characteristic waveforms’ repeat at intervals of 100 samples say, the pitch period is 100 samples and applying the following long term prediction filter to the residual will, in principle, remove the periodicity.   In practice most of the periodicity can be removed to leave a lower-amplitude noise-like residual. The multiplier K is applied to compensate for the signal getting slightly louder (K<1) or softer (K>1) as is to be expected with speech.



Therefore, RPE-PTP employs a ‘short term predictor’ followed by a ‘long term predictor’.  Once long term prediction has been applied to {e[n]}, the remaining signal is no longer periodic, and hopefully small in magnitude.   It is encoded by a technique known as “regular pulse excitation” coding which first divides each 20 ms (160 sample) block into four 40 sample sub-blocks and down-samples each of these by a factor of three, discarding two out of three samples. Depending on the starting sample, this produces evenly spaced 13-value sub-sequences.  The algorithm picks the sub-sequence with the most energy; that is with the highest sum of squared values. A 2-bit index transmits the choice to the decoder. The 13 samples are quantised using 45 bits with 3-bit per sample and a 6-bit overall scaling factor to determine the optimum step-size.  At the receiver, the non-periodic residual is decoded and applied to an inverse LTP to put back the periodicity that was removed.  The resulting periodic signal e[n] then becomes the input to the short-term inverse LPC filter to reconstitute speech as illustrated below.









8.2.7 Code-excited linear prediction coding (CELP)   omit 2009-10
This is based on similar principles to the coding technique described above and has a short and long term predictor at the transmitter to produce a low level noise like residual.  The big difference lies in how the residual is encoded.  The technique used is ‘analysis by synthesis’.  In principle, the idea is to have two identical code-books, one at the transmitter and one at the receiver.  The codebooks contain duplicate segments of candidate excitation signals, each typically 40 samples in duration.  Each codebook has an M-bit index where M may be 10 say.  In this case each codebook has 1024 possible 40-sample sequences, indexed 0, 1, 2, …, M.  Having used a short term and long term prediction to produce a residual segment of say 160 samples, the transmitter splits this into four 40-sample sub-segments and tries each of its code-book entries in turn to find the best one to use as an excitation signal.   Once the best one has been found, only its index need be transmitted as the receiver can find the same sub-sequence it its duplicate code-book.  Four indices must be transmitted for each 160 sample block of residual.  It is a pity we have to have four sub-blocks rather than dealing with the whole 160 sample segment in one go, but the computation would be prohibitive with the latter approach. 

Fig 8.18 A simplified view of CELP

The use of ‘analysis-by-synthesis’ to find the best codebook entry at the transmitter means that the transmitter has a copy of the receiver.  For each 40 sample sub-segment, it applies each codebook candidate entry in turn to the long and short term synthesis filters to synthesise the speech as it would be synthesised the receiver.  It then analyses what has been synthesised by comparing the shape of the synthesised waveform, {xsynth[n]}0,39  with the actual speech sub-segment 

{x[n]}0,39 being encoded.  The closeness of the shape of the synthesised sub-segment of speech to the original is measured by computing the cross-correlation function between them.  This is equivalent to computing

                                                       S  =    
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where k is implicitly optimised to make this ‘sum of squared differences’ as small as possible.  To put this nicely, 
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If we have to double the codebook entry to make it as close as possible to the speech sub-segment, this is implicitly done when we use cross-correlation.  We are comparing two sequences where the amplification of one is optimised to make them as close as possible. Note that k can be made negative it that serves to make k times {xsynth[n]}0,39 closer to {x[n]}0,39 We are actually comparing their ‘shapes’ not their magnitudes and this means that each codebook entry can be given the same loudness.  In CELP coders, the cross-correlation is weighted to take into account some characteristics of human sound perception, i.e. it is ‘perceptually weighted’.

In early forms of CELP, the codebooks were simply populated with samples of pseudo-random noise.  Many other ideas have been tried, but this basic approach is computationally expensive.  More recent versions of CELP use an ‘algebraic’ approach to generating code-book entries.

8.2.8. Algebraic CELP (G729) – omit 2009-10
The ‘codebook search’ is the most computationally expensive component of a CELP coder.  Great economy is achieved by the use of an ‘algebraic codebook’.  Instead of being read from a code-book, the excitation for each sub-segment is constructed by positioning a suitable number of positive or negative unit impulses within the sub-segment.   A search is made among a range of possible impulse positions, the suitability of each one being evaluated by comparing the synthesised speech with the original speech with perceptual weighting.  

Each sub-segment is divided into five interleaved sets of possible pulse locations : {1,6,11,16,21,26,31,36}, {2,7,12,17,22,27,32,37}, …, {5,10,15,20,25,30,35,40}  referred to as ‘tracks’.   We can position one positive or negative (() unit impulse per track within each of the first three of these tracks, and a fourth (1 impulse within either the fourth or the fifth track.  We must choose the best possible positions and polarities for these impulses.  By ‘best’ we mean the locations which produce the maximum cross-correlation between synthesized and original speech.  Searching for the best combination involves trying all possibilities and measuring their suitability by the ‘analysis-by-synthesis’ process described above.   Clearly many combinations of possible pulse positions must be analysed and this is still computationally expensive but not as much as the previous approach.  Actually, there is no code-book now.  Coding the positions and polarities of these four unit-impulse positions requires (3 times 3) + 4 +4 bits = 17 per sub-segment i.e. 68 bits per 20 ms frame.

Exercise: How many ‘analysis-by-synthesis’ comparisons of 40-sample sub-segments must be made for (a) the original form of CELP as described in the previous section with code-book index M=10 and for (b) algebraic CELP as just described.  Can the algebraic CELP search be made more efficient?

8.3. Digitising music:

Standards exist for the digitisation of ‘audio’ quality sound acceptable for listening to music as well as speech. Perhaps the most well known standards are CDDA used for compact disks and MP3. CDDA requires a 44.1kHz sampling rate, 16 bits per sample per stereo channel with an additional 16 bits per sample for error coding.  MP3 uses compression to achieve 128 kb/s or less.
8.3.1 Audio format for CDs (CDDA): For traditionally defined hi-fi, assuming limits of human hearing are 20 to 20000 kHz, we can low pass filter audio at 20kHz without perceived loss of frequency range. To satisfy the Nyquist sampling criterion, we need to sample at more than 40kHz.  Sampling at around 40 kHz would mean that all energy above 20Hz must be filtered out without affecting the sound in the range 20-20kHz.  This would require a very sharp anti-aliasing filter.  Hence the sampling frequency is made a little higher, i.e. 44.1 kHz to relax the antialiasing filter specification. There are normally 2 channels, and uniform quantisation is adopted.  To give an acceptable dynamic range, 16 bits per sample per channel is required though higher wordlengths are now being proposed and are used in professional audio recording studios which mix many channels to produce the final audio recording.  Clearly the effects of quantisation noise will accumulate when many channels are mixed together. 

The overall bit-rate is for CD recordings, including extra bits for error correction (FEC), is about 2.83 megabits per second which is rather high for many applications especially in telephony and broadcasting. Fortunately the bit-rate can be reduced by DSP ‘compression’ techniques which take advantage of the properties of human hearing.  Although these compression techniques are classed as being “lossy”, i.e. they are not like “ZIP” techniques used for computer software and word-processor documents, the distortion they introduce to achieve bit-rate reduction is controlled in such a way that it is  largely imperceptible.   

8.3.2 MPEG  Important standards in this area come from the “Motion Picture Experts Group (MPEG)” as part of the “International Organisation for  Standardisation (OSI)”.  The MPEG group is concerned with both “hi-fidelity” audio, video and the synchronisation between these two and related data streams.  The MPEG audio standards may be used independently from the others, and are used, for example, for “digital audio broadcasting (DAB)”which is digital radio.  Many broadcasting companies, including the BBC in the UK, use the “MUSICAM” standard for DAB which is essentially the audio part of an MPEG standard known as “MPEG-2”.  

There are essentially three MPEG ‘layers’ each offering a range of possible sampling rates (32, 44.1 or 48 kHz) and bit-rates from 224 kb/s down to 32 kb/s per channel.  The difference between the three layers lies mainly in the complexity of the DSP processing required and, as a result of this, the music quality obtained at a given bit-rate.  MPEG –1 is the simplest and is best suited to higher bit-rates: for example the Philips digital compact cassette (DCC) uses MPEG-1 at 192 kb/s per channel.  MPEG-2 has an intermediate complexity and is suited to bit-rates around 128 kb/s: DAB uses MPEG-2.  MPEG-3 is the most complex but offers the best audio quality and can be used at bit-rates as low as 64 kb/s.  MPEG-3 has been proposed for the real time transmission of music over ISDN telephone lines, though it is now being widely used for the distribution of musical recordings via the Internet.  All three MPEG layers are simple enough to be implemented on a single DSP chip as a real time decoder.  MP3 
8.3.3 Introduction to MP3

CD recordings take little account of the nature of the music and music perception. Studying the human cochlear and the way the ear works reveals that frequency masking and temporal masking can be exploited to reduce the bit-rate required for recording music. This is ‘lossy’ rather than ‘loss-less’ compression.


Although the human ear can detect sound in the frequency range 20-20kHz, it is not equally sensitive to sound at different frequencies.  In fact the normal ear is most sensitive to sound between about 1 kHz and 4 kHz and the sensitivity reduces for sounds outside this range.  An experiment with human listeners carried out in 1933, by Fletcher and Munson, established the ‘equal loudness contour graphs’ reproduced below.  Taking any of these contours, it is believed that human listeners find the sound equally loud even though the actual sound level varies  with frequency.  The sound level is expressed in dBs relative to an agreed standard reference sound level of 20 micro-Pascals where a Pascal, a measure of pressure, equals a force of 1 Newton applied to an area of 1 square meter.  Very approximately, 1 Newton is the gravitational force on an apple, i.e. its weight.  Since our ear-drums are much smaller than 1m2, it is not surprising that the reference sound pressure is in micro-Pascals.  The dB scale is referred to as dB_SPL.  According to these contours a 1Hz tone whose level is 0 dB_SPL is perceived as being just as loud as a 100 Hz tone at about 25 dB.  The contour is shown dotted is the threshold of hearing and a tone below this level at any frequency will not be heard,.  A 100 Hz tone whose level is below 10 dB_SPL or a 1kHz below -10 dB_SPL  will not be heard.   We can call this dotted line the ‘masking contour in quiet’.  The term ‘in quiet’ is used because this masking contour will change when there are strong tones within the music being heard as we shall see.
MP3 is a frequency-domain encoding technique which takes 50% overlapping frames of either 1152 or 384 samples according to whether the music is slowly or rapidly changing.  At a 44.1 kHz sampling frequency, these frames contain about 26.12 ms or 8.7 ms of music depending on the choice of a ‘long’ or a ‘short’ frame.  The sound is split into frequency sub-bands spanning the required frequency range say 0 to 20 kHz.  
The splitting is done in two stages, firstly by a bank of 32 FIR band-pass filters each of order 512.   The output from each filter, with a bandwidth 1/32 times the original bandwidth, may be down sampled by a factor 32 without loss of information.  This is because of a generalisation of the sampling theorem which tells us that, under certain circumstances, easily arranged in practice, no information is lost provided the sampling frequency is more than twice the bandwidth of a signal.  Not the highest frequency component but the bandwidth.  

To illustrate this, consider what happens if a signal bandlimited from 40 to 60 kHz is sampled at 40 kHz.  Aliasing, yes, and this shifts an image (ghost) of the 40-60 kHz band down to the frequency range 0 to 20kHz.  If there were any frequency content already in this 0-20kHz range, distortion would occur.  But if the original signal is truly band limited from 40-60 kHz, there will be nothing there, so no information is lost in the sampling process.  

The down-sampled output from each of the 32 band-pass filters is further split into either 36 or 12  sub-bands by means of a discrete cosine transform  (DCT) according to whether the frame is ‘long’ or ‘short’.  This is equivalent to having a total of 36x32 = 1152 or 12 x 32 = 384 frequency sub-bands for each ‘long’ or ‘short’ frame respectively.

Once spectrally spit in this way, the frequency-domain samples can be coded instead of the time domain samples.  There are already advantages to be seen in this ‘sub-band coding’ approach, especially for music, since spectral energy may be found to be concentrated in certain frequency bands and may be very low in others. So we can assign more bits to some frequency-domain samples than others.    The equal loudness contours may be used to advantage here.   
Define the ‘signal to masking’ (SMR) ratio at a given frequency to be the degree to which the energy at that frequency exceeds the ‘masking threshold’ contour at the same frequency.  Then the SMR may be used too determine the number of bits allocated to the spectral samples within that band.  If the energy in a band falls below the threshold of hearing, it need not be encoded at all.
A more significant advantage of frequency-domain (sub-band) coding is realised when we consider perceptual acoustics (psycho-acoustic modelling) and the phenomena of frequency (simultaneous) masking and temporal masking. 


[image: image31]
Definition of frequency masking:    ‘A strong tonal audio signal at a given frequency will mask, i.e. render inaudible, quieter tones at nearby frequencies, above and below that of the strong tone, the closer the frequency the more effective the matching’.  
The masking is characterised by a ‘spreading’ function, an example of which is sketched below for a strong tone (60 dB_SPL) at 1kHz. Many different assumptions about spreading functions are seen in the literature.  In these notes we make a very simplified assumption that the curve is approximately triangular when plotted on a log frequency scale and drops at approximately 40 dB per increasing octave (doubling of frequency) and 100 dB per decreasing octave (halving of frequency).  Plotting this spreading function on a linear scale gives the graph shown on the right.  This graph is not optimal and spreading functions will change in shape with changing frequencies and amplitudes.  But this simple graph serves to give us the idea.  


This approximation is derived from the sometimes quoted +25 and -10 dB per Bark triangular approximation (see WIKI) assuming approximately 4 Barks per octave.  The Bark scale is an alternative and perceptually based frequency scale which is logarithmic for frequencies above 500 Hz.  More accurate spreading functions are highly non-linear, not quite triangular, and vary with the amplitude and frequency of the masker.

This spreading function represents a threshold of hearing for frequencies adjacent to the strong tone.  A tone below the spreading curve will be masked and need not be encoded.  So if there are strong tones within the music signal, the masking threshold graph will be rather different from the threshold of hearing contour ‘in quiet’ illustrated earlier.  Taking an example of having two tones, at 800 Hz and 4 kHz, the masking threshold graph may look something like the following graph.







If this graph is taken as the masking threshold and bits are allocated according to the SMR relative to this graph, a more efficient and economic coding scheme is possible.  Such a graph may be derived for each long or short frame of music by taking a 1024 point FFT to obtain a magnitude spectrum and identifying the tones within this spectrum.  The ‘masking threshold in quiet’ may then be modified in the vicinity of any identified strong tones by taking the highest of the ‘masking threshold in quiet’ and the spreading functions for each identified tone. 

Frequency masking is often called ‘simultaneous masking’.  In addition to frequency masking, there is another psycho-acoustic phenomenon which affects the way the ear perceives certain time-domain or temporal characteristics of sound waveforms.  This is ‘temporal masking’ which is defined as follows. 

Definition of temporal masking: ‘A loud sound will mask i.e. render inaudible a quieter sound occurring shortly before or shortly after it.  The time difference depends on the amplitude difference’.

Essentially this means that the effect of frequency masking will continue to some degree for up to about 200 ms after the strong tone has finish, and, to a lesser extent, even before it starts.  So the frequency masking contour for a given frame should be calculated taking account the previous frames and perhaps one frame ahead as well 
This figure below illustrates the simultaneous and temporal masking produced by a 60 dB_SPL tone which starts at 0  ms and stops  20 ms later. The tone may have the spreading function illustrated earlier of peak amplitude 60 dB_SPL.  The full masking effect of this tone applies while it is present, and dies away gradually, as shown, over the following 20ms.  In determining the masking threshold, therefore, the spreading function would be applied with diminishing amplitude over the following 200ms.  Similarly the pre-masking effect could be taken into account in the same way, though the time scale is quite rapid now so the effect will be not quite so marked or useful.  


Temporal characteristic of masking by a 20 ms tone at 60 dB_SPL.

Deriving a perceptual masking graph from a given section of music, and splitting the music into sub-bands are the main tasks of an MP3 decode.  The mask is derived by taking a 1024 point FFT and increasing the ‘masking threshold in quiet’ in the vicinity of identified strong tones.

A diagram of an MP3 coder is shown below:








For a demonstration of frequency masking see www.ece.uvic.ca/~aupward/p/demos.htm.

The quantisation scheme tries to make the (2/12 noise less than the masking threshold.  Non-uniform quantisation is used.  Further efficiency is achieved through the use of Huffman coding (lossless) which uses ‘self terminating’ variable length codes for the quantisation levels.  Quantised samples which occur more often are given shorter wordlengths and vice-versa.  The MP3 decoder is simpler than the encoder and simply reverses the quantisation to reconstitute the frequency domain samples and transforms back to the time domain taking into account the fact that frames are 50% overlapped.
Some more detail about MP3 compression and Huffman coding is given in references quoted in the Comp30192 web-site.
8.4. Digitisation of Video  

According to the CCIR-601 ITU standard, digital television comparable to American analogue NTSC television with 486 lines would require 720 pixels per line, each pixel requiring 5 bits per colour i.e. about 2 bytes per pixel. Scanned at 30 frames per second, this would require a bit-rate of about 168 Mb/s or 21 Mbytes per second. A normal CD-Rom would hold only about 30 seconds of TV video at this bit-rate.  

A similar calculation for high definition TV (HDTV) gives a requirement of about 933 Mb/s and for film quality the required bit-rate has been estimated at 2300Mb/s.   An SVGA computer screen with 800 by 600 pixels requires 3 x 8 = 24 bits per pixel and therefore 288 Mbits/second if refreshed at 25Hz with interlacing. The need for video digitisation standards achieving compression is clear.

The MPEG-1 and MPEG-2 standards for moving video and the FCC standard for HDTV both use a version of the 2-D Fourier transform known as the “2-D discrete cosine transform (DCT)” applied to 8 by 8 (or 10 by 10) pixel “tiles” extracted from the image. The red green and blue colour measurements for each pixel are first transformed to a “luminance”(brightness)  and two “chrominance” (colour)  measurements so that advantage can be taken of the fact that the eye is more sensitive to differences in luminance than to variations in chrominance.  The three measurements for each pixel produce three separate images, one for luminance and two for chrominance, which are now dealt with separately.  The number of bits required for the two chrominance images can be reduced by  averaging the chrominance measurements for sets of four adjacent pixels to produce images with fewer pixels. 

After the 2-D DCT transform, for each set of  8x8 (or 10x10) pixels we obtain 8x8 (or 10x10) 2-D frequency domain samples starting with a sort of “dc value” which represents the overall brightness of the “tile”.  More and more intricate detail is added by higher and higher 2-D frequency samples just as in 1-D signal processing, higher frequencies add finer detail to the shape of a signal.  

The 2-D frequency-domain samples for each tile may now be quantised (i.e. converted to binary form) according to their perceptual importance.  The “dc” value of each tile is very important and is accurately and efficiently digitised by quantising the differences between values obtained for adjacent tiles.  The differences are often quite small and can therefore be accurately digitised with relatively few bits.  The remaining 2-D frequency domain samples (DCT coefficients) for each tile tend to diminish in importance with increasing frequency, and many are so small that they may be set to zero without serious loss of picture quality.  Setting perceptually unimportant DCT coefficients to zero produces runs of zeros which are easily digitised simply by recording the length of the run. Further bit-rate savings are achieved by Huffman coding which assigns longer codes to numbers which occur less often and allows shorter codes to be used for commonly occurring numbers.

The technique described above, as may be applied to a single video frame, is essentially the same as that used to digitise still pictures according to the “JPEG” standard.  When digitising successions of video frames, MPEG-1 and MPEG-2 send fully JPEG encoded frames (referred to as I-frames) periodically, about once or twice per second.  Between the I-frames MPEG-1 and MPEG-2 send “P-frames” which encode only differences between a given frame and the previous frame and “B-frames” which encode differences between the current frame the previous and the next frame.

MPEG-1 was originally conceived as a means of encoding reasonable quality video at about 1.2 Mb/s.  MPEG-2 was originally designed for encoding broadcast quality video at bit-rates between 4 and 6 Mb/s. 

Problems

8.1. Why is A-law companding used  when digitising speech for transmission at 64 kb/s. and how is it generally implemented?    Let the dynamic range of a digital telephone link be defined as:
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       Given the formula for A-law compression applied to x(t) in the range –V to +V,   where K=1+loge(A) derive Dy for a 56 kb/s PCM speech channel when the speech signal is  A-law companded with A=40, and digitised at 7 bits/sample.  You may assume speech waveforms are approximately sinusoidal. Compare your result with what would have been obtained without companding.

8.2. For acceptable speech quality on a land based PCM digital telephone link, the signal to quantisation noise ratio must be at least 30 dB over a dynamic range of at least 40 dB.  Assuming speech waveforms to be approximately sinusoidal,  estimate the minimum bit-rate required for uniformly quantised speech sampled at 8 kHz.  How would the use of companding affect this minimum bit-rate?

8.3. With "G711" 'A-law' PCM, it is often said that we get 12 bits/sample for the price of 8 bits/sample. Do you agree?  

8.4. Calculate the SQNR for a sine-wave of amplitude V/A when quantised by 8-bit A-law PCM applied to a range (V.

8.5. For very small amplitude sinusoids,  assuming the (-law approximation given in the notes, compare the SQNR for (-law (( = 255) with A-law quantisation (A=87.6).  Which technique do you prefer?

8.6.  What features of  speech signals may be exploited to reduce the bit-rate required for land based and wireless telephony?  Explain how  the GSM 06.10 (RPE-LTP) speech coding technique achieves acceptable speech quality at the required bit-rate.
8.7. Compared to analogue techniques, what do you consider to be the four main advantages and the most important disadvantage of digital voice transmission in wired and wireless telephony?   Why is digital voice transmission used for mobile telephony and exchange to exchange transmissions but not widely for wired links into the home or office? 
8.8. What features of  speech signals are exploited by 

· the G711 64 kb/s standard coder for wired telephony 

· the GSM 06.10 (RPE-LTP) 13 kb/s coder for mobile telephony

to achieve acceptable speech quality at the required bit-rate.

8.9. What is the difference between "waveform" coding and "parametric" coding.

8.10. What types of signals are suitable for differential coding?

 8.11. In mobile telephony, we go to a lot of trouble to reduce the bit-rate for speech, then we increase the bit-rate again by adding 'forward error correction' bits and then further increase it maybe by 'direct sequence spread spectrum' or 'code-division' (CDMA) multiplexing.  Does this appear crazy to you?  

8.12.  Samples {s[n]} of a speech signal lie in the range (4 to +4.  Assuming 3 bits/sample are available, how would the following  eight samples be quantised by (i) uniform PCM with (=1, (ii) simple DPCM with (=0.25 and (iii) a practical DPCM coder with (=0.25:   

                                                       0  0.9  1.6  2.4  2.9  2.8  2.1  2.5

8.13 What is meant by the term ‘analysis-by-synthesis’ as applied to speech coding.

8.14 A common English expression is that "a picture is worth 1000 words".  Considering the

        number of bits required to transmit a 'J-PEG' encoded picture, do you agree?
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Fig 8.9a





Fig 8.9b: A single ‘characteristic waveform’ for voiced speech
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