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Speech Coding

The goal of all speech coding systemsisto transmit speech with the highest possible

quality using the least possible channel capacity [3]. In wireless communications,

bandwidth is avauable and limited resource and service providers are aways challenged
with servicing the maximum number of users with alimited alocated bandwidth. Low

bit-rate speech coding offers away to meet this challenge. Speech coding can be seen as
amethod to compress speech without losing voice quality.

The purpose of this project isto study one of the most widely used technique for speech
coding, namely Linear Predictive Coding (LPC).

The Goal of Speech Coding in Wirelessand M obile Communications

Themain ideaisto transmit a speech signal using the minimum amount of information

required to achieve good quality. For this purpose, once the speech signal isin digital
format, is divided (blocked) in frames corresponding to 20-30 ms. Each frame, consisting
of 160 to 256 samples, depending of the sampling frequency, is processed by a Speech
Encoder System, resulting in asmall number of variables that accurately represent the
frame. This process, called Feature Extraction in Speech Recognition, can be donein

many ways. In this project, only LPC will be studied.

As an example, the GSM 06.10 standard uses LPC for speech encoding. The input signal
issampled at 8 kHz, 13 bits, or 104 kilobits per second. The rate of the compressed

speech is 13 kilobits per second, so the compression ratio is 8 [2].

Input Speech Signal
Frame 1 (24 ms) Frame 2 ... FrameN
[0 [st [ [ ][ [st01 |
LPC Analysis ‘> a0 |al |a2|a3 |ad|a5| a6 | a7 | a8 | a9 | al0 | all | pitch

LPC coefficients + pitch

Figure 1. Block Diagram of LPC Analysis




In the example shown in Figure 1, a speech signal sampled at 8 kHz is blocked in frames
of 24 ms, corresponding to 192 samples. After LPC analysis, between 8 and 16 LPC
coefficients — depending on design requirements — plus the pitch frequency are obtained.
Only these resulting parameters are further processed and transmitted over the channel.
The following figure shows a block diagram of a complete coding system.
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Block diagram of a speech coding system.

Figure 2. Block Diagram of a Speech Coding System

Speech Model

The next figure shows a schematic representation of the complete physiological
mechanism of speech production.

NOSE
OUTPUT

"))
"))

MOUTH
OUTPUT

NASAL

CAVITY
\\ ”
pA

MOUTH
CAVITY

PHARYNX
CAVITY

-
LARYNX
vocAL__#/-\] TUBE
CORDS

_TRACHEA AND
BRONCHI

LUNG
VOLUME

MUSCLE
FORCE

Schematic representation of the complete physiological mechanism of
speech production (after Flanagan [3]).

Figure 3. Schematic Representation of the physiological mechanism for Speech
Generation

The human speech production system can be modelled using a rather simple structure:
the lungs — generating the air or energy to excite the vocal tract — are represented by a



white noise source. The acoustic path composed by the larynx, vocal cords, pharynx,
mouth and nose, can be modelled by atime-varying digital filter. The ssmplified model is
shown in the next figure.
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Correspondence between the human speech production system with a simplified
system based on time-varying filter.

Figure 4. Simplified Model of Human Speech Generation

Linear Predictive Coding (LPC)
Introduction

Linear Predictive Coding (LPC) is one of the most powerful speech analysis techniques,
and one of the most useful methods for encoding good quality speech at alow bit rate. It
provides extremely accurate estimates of speech parameters, and isrelatively efficient for
computation.

LPC starts with the assumption that a buzzer at the end of atube produces the speech
signal. The glottis (the space between the vocal cords) produces the buzz, whichis
characterized by itsintensity (loudness) and frequency (pitch). The vocal tract (the throat,
the mouth and the nasal cavity) forms the tube, which is characterized by its resonance
frequencies, which are called formants.

The basic problem of the LPC system is to determine the formants from the speech
signal. The basic solution is a difference equation, which expresses each sample of the
signal as alinear combination of previous samples. Such an equation is called alinear
predictor, which iswhy thisis called Linear Predictive Coding.

The coefficients of the difference equation (the prediction coefficients) characterize the
formants, so the LPC system needs to estimate these coefficients. Minimizing the mean-
sguare error between the predicted signal and the actual signal does the estimate.



The LPC Model

The basic idea behind the LPC model is that a given speech sample at time n, s(n), can be
approximated as alinear combination of the past p speech samples such that [1]:

s(n) » as(n- ) +a,s(n- 2) +...+a,s(n- p) (D)
where the coefficients a;,a,,...,a, are assumed constant over the speech analysis frame.

) — D —  AD | s)

G

Figure5. Linear prediction model of Speech

We convert Equation (1) to an equality by including an excitation term, Gu(n), giving:
p
s(n) =Gu(n)+  as(n- i) )

i=1
where u(n) isanormalized excitation and G is the gain of the excitation. By expressing
Equation 2 in the z-domain we get the relation:

P _
S(2=GU(9+ az'S(2) ©)
i=1
leading to the transfer function:

S(2) _ 1 1
U@ , °,, AQ

i=1

H(z) =

(4)

8z

Based on our knowledge that the actual excitation function for speech is essentially either
aquasi-periodic pulse train (for voiced speech sounds) or arandom noise source (for
unvoiced sounds), the appropriate synthesis model for speech, corresponding to LPC
anaysis, is shown in the following figure.
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Figure 6 Speech Synthesis Model based on LPC analysis
The parameters of this model are voice/unvoice mode, pitch period for voiced sounds, the

gain parameter and the coefficients of the filter, ax. These parameters all vary slowly with
time.

LPC Analysis Equations

Based on the model of Figure 3, the exact relation between s(n) and u(n) is
p
s(n)=Gu(n)+ as(n- k) )
k=1
We consider the linear combination of past speech samples as the estimate (n), defined
as
R p
S(n)= as(n- k) (6)
k=1
We now form the prediction error, e(n), defined as,
p
en) =s(n)- §(n)=s(n)-  as(n- k) (7)
k=1

with error transfer function

M= o=l az' ®

Clearly, when s(n) is actually generated by alinear system of the type shown in Figure 3,
then the prediction error, e(n), will equal Gu(n), the scaled excitation.



The basic problem of linear prediction analysisis to determine the set of predictor
coefficients, a,, directly from the speech signal so that the spectral properties of the

digital filter of Figure 5 match those of the speech waveform within the analysis window.

To set up the equations that must be solved to determine the predictor coefficients, we
define the short-term speech and error segments at time n as

s, (m) = s(n+m) 9)
&,(m) =e(n+m) (10)

and we seek to minimize the mean squared error signal at timen

E,= e(m (11)

n
m

which, using the definitions of s,(m) and e,(m), can be written as

2

E= s asm K (12)

m k

To solve Equation .12, for the predictor coefficients, we differentiate E,, with respect to
each a, and set the result to zero.

1 _ok=1,2..p (13)
2
giving
Sm-Ds,m= ac s,(m-i)s,(m- K (14)

By recognizing that terms of theform s, (m- i)s,(m- k) are expressions of the short-
term covariance of s,(m), i.e.,

F(i,k) = s,(m-i)s,(m- k) (15)
which can be expressed in compact notation as

F00= 450K (16)

k=1

which describes a set of p equationsin p unknowns. It is readily shown that the minimum
mean-squared error, E, , can be expressed as:



E= £m- 4 s(msm-k (17)

m k=1 m

~ p
En = fn (0,0) - ékfn (O' k) (18)
k=1
Thus the minimum mean-squared error consists of a fixed term £ (0,0) and terms that

depend on the predictor coefficients.

To solve Equation 16 for the optimum coefficients 4, , we have to compute 7, (i,k) for
1£i£ p and O£ k £ p, and then solve the resulting set of p simultaneous equations. A

method to solve these equations and compute the coefficients is explained in the
following section.

The Autocorrelation Method

A fairly ssimple and straightforward way of defining the limits on m in the summations is
to assume that the speech segment s,(m) is zero outside the interval O£ m£ N - 1. This
is equivalent to assuming that the speech signal, s(m+n), is multiplied by a finite length
window, w(m), which is identically zero outside the range O£ m£ N - 1. Thus, the
speech sample for minimization can be expressed as

_ s(m+nmw(m), 0OEmMEN-1

S (m) = 0} otherwise (19

Based on using the weighted signal above, the mean-squared error becomes

N-1+p

E.= €(m) (20)

n
m=0

and £ (i, k) can be expressed as

N-1+p
m@@:nm%mvw%mrm 1£i £ p -
0£kE p
or
N-1- (i- k) _ .
fiiky=  SMsmri-k) 1EI£p -
0£kE p

since Equation 22 is only afunction of i-k, rather than the two independent variablesi
and k, the covariance function, 7 (i,k) , reduces to the simple autocorrelation function,



N-1- (i- k)

£00=rG-K=  s(msm+i-k) (23)

m=0

Since the autocorrelation function is symmetric, i.e. ro(-K)=rn(k), the LPC equations can
be expressed as

Cr(i-KDa =r,(),  1EiEp (24)

k=1

and can be expressed in matrix form, known as the Y ule-Walker Equations[2], as
follows:

rn (O) rn (l) e rn ( p - l) é:I. rn (l)
M (l) M (O) TR P ( p- 2) é‘2 M (2)

= (25)
WP-D (-2 . O &

The p x p matrix of autocorrelation valuesis a Toeplitz matrix (symmetric with all
diagonal elements equal) and hence can be solved efficiently through several well-known
procedures. One of these numeric methodsis called the Levinson-Durbin agorithm and
isexplained in the following section.

The Levinson-Durbin algorithm

A numerical solution of p equationsin p unknowns, as needed in solving the Yule-
Walker equations, requires about p> multiply-add operations [2]. The Levinson-Durbin
algorithm solves the Y ule-Walker equations in approximately p* multiply-add operations.
For example, if p=10, the number of operationsis reduced by afactor of 25 if the
solutions of all orders up to 10 arerequired [2].

The algorithm is as follows:

1 Define s, =r(0)
2. for i =0,1,..., p- 1 do thefollowing:

r(i+1)+ | a ,r@i+1-k)
a rlig= kzls

b. s,=s(- ri2+1)




C Qe =&~ FMiaQjn 1EKEI
d. ai+1,i+1 =-r

i+1

The coefficients a,,, ;,, , recursively computed by this algorithm, correspond to the LPC
coefficients, a,, in equation 8.

The LPC Processor

In this section we describe the details of an LPC front-end processor that has been widely
used for speech recognition systems[1]. Although LPC has been used mostly for speech
recognition and speech compression, its characteristics make it suitable to be used for
speaker recognition and wireless communications.

Figure 5 shows a block diagram of an LPC front-end processor. The basic stepsin the
processing include the following:

a) Pre-emphasis. The digitized speech signal s(n) is put through alow-order digital
FIR filter. Perhaps the most widely used pre-emphasisfilter is the first-order
system:

H(z)=1- az*,with 0.9£a£1.0
atypical valuefor ais0.95

b) Frame Blocking. This step was explained in Figure 1

c) Windowing. Similar to the MFCC processor, a Hamming window is applied to

each frame,
w(n) = 0.54- 0.46cosNﬂ1 , 0OEnEN-1
d) Autocorrelation Analysis. Each frame of windowed signal is next autocorrel ated
to give
N-bm o
re(m)= X; (N)X; (n+m), m=0,1,..., p

n=0

where the highest autocorrelation value, p, isthe order of the LPC analysis. Typically,
values of p from 8 to 16 have been used. In this study p=12 was used.

e) LPC Analysis. This step consists of obtaining the linear predictor coefficients, am,
using the Levinson-Durbin algorithm.

f) LPC Parameter Conversion to Cepstral Coefficients. Thisis an optional step, that
consists of obtaining the LPC cepstral coefficients, which are a set of values that



have been found to be a more robust, reliable feature set for speech recognition
than the LPC coefficients. These coefficients are obtained recursively as follows.

c, =In(s ?) where s ? isthegain termin the
LPC model
Pk
Cm:am+ — CokB s 1£m£ p
k=x M
c, = "k C m>
m oot m m—kak' p

The last equation shows the computation of cepstral coefficients c,,;,C., -+ C; -
Generally, acepstral representation with q > p coefficientsis used. In thisresearch, g=16
was used.
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Figure 7 Block Diagram of an LPC front-end processor

As an example of LPC analysis the word zero uttered by a male speaker was processed
through an LPC front-end processor, and the 16 frames showing the LPC Spectrum are

presented in Figures 6athrough 6d. Each frame contains 192 samples, equivalent to 24
ms, since the signal was sampled at 8kHz.

The word zero contains 4 phonemes, namely, Z-IH-R-OW, expressed in ARPABET [1].
It can be seen that each phoneme spans 3-5 frames of the signal.



Figure 8a LPC Spectral Analysis of the word zero, frames 1-4

It is clear that phoneme Z is present in the first 4 frames, showing 3 formants at
frequencies 350Hz, 1500Hz and 2300HZ approximately. The following 3 Figures show
the rest of the LPC Spectral analysis of word zero, where the next 3 phonemes are easily

recognized.



Figure 8b LPC Spectral Analysis of the word zero, frames 5-8



Figure 8c LPC Spectral Analysis of the word zero, frames 9-12



Figure 8d LPC Spectral Analysis of the word zero, frames 13-16

L PC Encoder

A complete LPC encoder system is shown in the following figure. The power of the
prediction-error sequence is different for voiced and unvoiced frames. Denoting the
prediction-error sequence as gn],el [0,N - 1], with N being the length of the frame, we

have, for the unvoiced case, [4]

N-1
p=1 e’[n]
N n=0



and for the voiced case, power is calculated using an integer number of pitch periods,

1 floor (N/T)T-1

P=——————— e’[n]
floor(N/T)T .o

Figure 9. LPC Encoder

L PC Decoder

The purpose of the decoder is to reconstruct the original speech signal based on the LPC
coefficients, the pitch and other parameters encoder by the L PC encoder. The following
figure shows the block diagram of the LPC decoder.



Figure 10. LPC Decoder

The gain computation is performed as follows:

g=+P for the unvoiced case
g=+TP for the voiced case

The voicing detector classifies aframe as voiced or unvoiced. Typically voiced sounds
are several orders of magnitude higher in energy than unvoiced sounds. For the frame or
length N ending at instant m, the energy is given by

E[m] = i s?[n]

n=m- N+1

for ssimplicity, the magnitude sum function defined as

MMl = [gin]

n=m- N+1

serves the same purpose.



CONCLUSIONS

Speech Coding is avery important module in Wireless and M obile Communication
Systems. It greatly improves the efficiency of bandwidth utilization. Linear Prediction
Coding is the most widely used method for speech coding and is part of the GSM
standard.
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