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Summary

This thesis describes the investigation of an adaptive method
of attenuation control for digital speech signals in an analogue-
digital environment and its effects on the transmission performance
of a naticnal telecammnication network. The first part gives the
design of a digital autamatic gain control, able to operate upon a
P.C.M. signal in its companded form and whose operation is based
upon the counting of peaks of the digital speech signal above
certain threshold levels.

A study was made of a digital autamatic gain econtrol (d.a.g.c.)
in open-loop configuraticn and closed-loop configuration. The former
was adopted as the means for carrying out the autamatic control of
attenuation. It was simulated and tested, both objectively and
subjectively.

The final part is the assessment of the effects on telephone
connections of a d.a.g.c. that introduces gains of 6 dB or 12 dB.
This work used a Telephone Connection Assessment Model developed at
The University of Aston in Birmingham.

The subjective tests showed that the d.a.g.c. gives advantage
for listeners when the speech level is very low. The benefit is not
great when speech is only a little quieter than preferred. The
assessment showed that,when a standard British Telecam earphone is
used,insertion of gain is desirable if speech voltage across the
earphone terminals is below an upper limit of -38 dBV. People cammented
upon the presence of an adaptive—like effect during the tests. This
could be the reason why they voted against the insertion of gain at
level only little quieter than preferred, when they may otherwise have
judged it to be desirable.

A telephone connection with a d.a.g.c. in has a degree of
difficulty less than half of that without it. The score Excellent
plus Good is 10-30% greater.
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CHAPTER 1

INTRODUCTION

As progress 1is made towards a whoiiy digital telephone

networél’2’3’4’5)

different stages will/preééné a variety of
problems and improvements. Among the problems; may be
mentioned interfacing and matching difficulties such as the
interface between two different PCM systemé6’7)and differences

in circuit losseég)between the talker and point of measurement.

During the many years before a fully—digitgl network is

established, many connectionswill be made iéifiﬁ
circuits and partly over digital circuité3}\rThere will be
wide variations in the loudness loss of the different
combinations of analogue circuits which ﬁéy/ggggetween digital
and analogue parts of the networé4)/ An éhaiééﬂe connection
with a high loss will produce at the*output’of{the decoder

a signal having both a low level and a poor signal-to-
quantisation noise ratio. Where local exchanges are digital
but not the subscriber lines, to achieve improvements (such

as enabling more lossy subscribers' lines to be useéB)if
transmission loss between local exchanges is generally reduced
in the whole telephone network, or improvement of the return
loss between telephone and local circuits, etc.), it could

be necessary to introduce loss automatically among other

arrangements.

There is thus a need to adjust gain or attenuation at

exchanges forming interfaces between analogue and digital




portions of the network. This adjustment cannot beﬂprééét

the ' .
because analogue 51gnal will arrive at the 1nterface over

different connections with different loudness loss. A gain
control is therefore required which;Wili;automatically adapt S
its setting to suit the loudness of thé/éﬁéibgué input
signals. If such an automatic gain confrol éperafes upon
the analogue signals, it needs to be provided/individually
for each circuit. However, equipment which processes the
multiplexed output of a PCM encoder can be shared between

a group of circuits.

Tc provide automatic gain control, a suitable parameter
of the signal, representing the speech level, must be
measured. When speech is transmitted by perlodlc sampling,

a convenient parameter to use isg the proportlon of samples

whose magnitudes exceed a given threshold Vaiué9;

Previous workao’ll’lm’ involved the design and

construction of a device able to introduce gain automatically
which operated in closed-loop configuration and processe&
30 speech channels. It inserted gains in steps of six dB,
avoided putting maximum gain whenever there was no speech,
and processed the PCM word in its companded form, using for
that a programmable regd—only memory as look-up table. How=
ever, it oscillated iﬂtgiesence of a sine-wave.

This thesis describes subsequent work aimed to improve
the device by eliminating the oscillation. In Chapter 2,
the background of the previously reported d.a.g.c. is given,
together with a mathematical model to explain the oscillation.

Three different solutions are discussed.




Chapter 3 gives the design and ﬁﬂé4simulation,of”the. :H3 
d.a.g.c. in open-loop configuration selected in Chapter 2;ﬁ%¢w“w
able to introduce gain as well as attenuation with 6 dB and
3 dB steps. The simulation was carried out just for one
channel, because of the slow speed of opération of the
computer available. TIts behaviour was studied in the light
of several time constants for the onset of gain. Sine-wave,

Gavssian noise and speech signals were used as inputs.

Chapter 4 presents the subjective tests made to a
telephone network with d.a.g.c. in, able to introduce just
gain, to find out the acceptance of it among listeners and
the improvements and impairments they detect when it is in
use. The 6 dB loss insertion was left out because it

represents the solution to other kinds of problems(5'6’7’13’14).

Chapter 5 studies the introduction of noise .due to the

d.a.g.c.

Chapter 6 describes the assessment of the effects on
the transmission performance of a national telephone network
which is mixed (analogue and digital), and has a d.a.g.c.
incorporated, introducing gain because the level reaching
the listener at the digital side has both low level and
poor signal-to-noise ratio. The operation of it will be in
the direction analogue-digital only. The assessment was
carried out using a computer simulation of a telephone
connection devised at the Electrical and Electronic

(31,32,33)

Engineering Department of this University called

Telephone Connection Assessment Model (TCAM).

Chapter 7 presents the conclusions and suggests

further work.




CHAPTER 2

DIGITAL AUTOMATIC GAIN CONTROL

2.1 PULSE CODE MODULATION (PCM) SYSTEMS

A PCM system, as shown in Fig. 2.1, involves.the
following basic processeSQS’16’17Z
1. Sampling
2. Quantizing
3. Coding
4. Transmission
5. Conversion of the group of binary digits% into a
set of amplitudes in time sequence.
6. Reconstruction of the analogue signal in time

produced at step 5.

As Nyquist's sampling theorem lays downg7’l%’19’zo) a

continuous waveform, whose maximum frequency is fmaX can
be represented by and reconstructed from 2 x fmax samples.
Even though the speech signals, for telephony, are limited

to a 3.4 KHz, because of lack of ideal filters, the sampling

rate is 8000 Hz.

The second process allows binary encoding. The analogue
signal is divided into a number of discrete levels, each of
them is described by a unique binary code. If a sample lies
within a range it will be allocated the particular code

assigned to that region.

This process introduces an error, called quantization

nq)al,l9,20)

error ( ;, whose maximum value is equal to one half
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of the amplitude of the appropriate range. It may be

increasing the number of increments.

The encoding will be linear if the interval between
decision levels are uniform. As this type of encoding has
signal-to-ng ratio for low amplitude signals lower than for
high amplitude signals, a non-linear encoding which guarantees
a signal-to-ng ratio constant over the whole voltage range,
is preferred. This is achieved using the A/87.6/13 Companding

(17,21) 16

Law, 8-bit system This is recommended by both CCITT

and CEP%lS{ It is expressed b§l7’21l

VAN S <
Y 1+ loga ~ X [xl“s x/A
Eo_ 1 01+ loga(x/X)) 2 glx| < X
X 1 + loga ‘ A~

where § = input value-to-limiting value ratio
% = output value-to-limiting wvalue ratio.
A = 87.6.

Fig. 2.2. shows the A-law with 13 segments. 7 bits are
used to encode each sample, the first three bits specify the
segment and the 4 other bits specify the magnitude of the

quantised sample. The 8th bit is the sign digit.

2.1.1 32-channel PCM System

@3

British Telecom has introduced the second generation
of PCM system which is the 32-channel system, recommended

by CEPT and CCITT. As shown in Fig. 2.3, the 32 channels are




- s
—_ O
N o0

Output (y) & &

OUTPUT

//—m 1
—110000

1100000
101 0000
1000000
10000
(100000
0000
0000000
0 16 1% W 1?2 1
Normalised input (x/X)
Fig. 2.2 Compression characteristic
(Positive segments only)
names TSO, TS1, TS2, ......... TS31. TSO (frame alignment

and TS16 (Signalling information) convey information about
signalling for the remaining channels and frame and multi-
frame alignment. The rest of the channels are speech

channels.

2.2 PRINCIPLE OF OPERATION OF DIGITAL AUTOMATIC GAIN CONTROL

The d.a.g.c. is designed to work with the 30 speech

channels and to avoid the unit introducing maximum gain

when there is no speech.

The principle is based upon the counting of peaks which
occur in the speech signal; the number of peaks counted is-

compared with a model speech signal defined by the negative-
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( \
exponential distribution®t’?%

wherefg%fz | Instantaneous speech voltage/RMS speech level ]

2.3 DESIGN PRINCIPLE

As the insertion of gain or attenuation is made at a

( )

digital stage, the design is based upon complete recodingg’lo.
Let U be the digital representation of an analogue sample

V. TIf this code number U is recoded to a new digital

number %i,which represents an analogue sample KV, then a
loss of -20 logK has been introduced. If K > 1, gain is
introduced. For simplicity in the circuitry the different
values for K may be 1/2; 1;2 and 4, which represents a

shift to the right or to the left of the digital number

if it was in its linear form. If K = 1, the digital signal
is unchanged. In all the d.a.g.c. studied the recoding

was achieved by using a programmable read-only memory,

p.r.o.m., and in this way the digital signal may be used

in its companded forﬁlo’l3{

Using the p.r.o.m. to introduce gain or attenuation,

we are performing the equivalent to the following algorithm:

If the digital signal is in the first segment of the
A-companding law, where it is linear, gain or attenuation
is achieved by shifting to the left or to the righ¥7z If

the PCM word is outside the first segment, 6 dB the

attenuation is achieved by substracting 00010000 from the.




digital signal; +to achieve gain we just add 00010000 to
). o =
the PCM wo;é7. To achieve 12 dB gain (K = 4),we may add

00010000 twice or 00100000 once to the digital signal.

2.4 OPERATION OF THE p.r.o.m. AS A LOOK-UP TABLE

As the PCM law used has 256 intervals (128 positives,
128 negatives) and 3 gains are provided, a 1l024-word, 8-bit
p.r.o.m. is sufficient. This has a 1lO-bit address word
which may be split in two: the last 8 bits are the PCM
itself and the other two represent the different setting

values, as follows:

0l 6 dB of Attenuation
00 O 4B of Gain

10 6 dB of Gain

11 12 dB of Gain .

These two bits are formed by a circuit called the
controller, which takes its information from the output if
in closed~loop configuration or from the input if in open-

loop configuration. The controller is capable of working

manually or automatically.

2.5 THE CONTROLLER IN CLOSED-LOOP CONFIGURATION

2.5.1 Principle

Fig. 2.4 shows a diagram of the closed-loop configuration.

The controller works in the following way: during a time
interval T, it counts how many occasions the output is away

from certain threshold level TL' The occurrence of




nram. s/ P

Con-
troller

Fig. 2.4 Closed-loop configuration

instantaneous speech samples above T

may be weighted W

L 1
and those below, W2. As low values are more probable than
high onesa7’18) the weight W2 is assigned the value of -l.

The number of samples is restricted by the store capacity

used in the hardware and by the size of Wl.
L Wl is added to a mid~-
value, Mo' If it is below T W, is added. To avoid

L” 72
12)
setting of maximum gain because of silence periodslz, W, =

Each time the sample is above T

is added each time there is no speech. The presence of
the speech is detected using a speech detector, which is

formed by a simple digital comparator.

The new value, NV = MO + Wi' where i = 1, 2 or 3, is

compared with two different values, Ll and L2, where Ll ¢_L2.

When NV < Ll’ TL has seldom been reached and, therefore,

gain is introduced. If N, >L,, Tl_has frequently been

reached and, therefore, attenuation is required.

The figures MO, Wl’ Ll and L2 may be chosen in such a

-11-




way that when N_ is between L, and L, neither attenuation
nor gain is necessary; that is, the existing setting is

maintained.

Before choosing T it is necessary to establish the

LI
normal talker level. This is the speaker whose clipping

level could be situated(l7’21'lo)

12-18 dB above its r.m.s.
level. Taking account of the companding law used, the
threshold level can be at 6 dB below the clipping level

of the A/87.6/13 PCM law encoder; that is where the

seventh segment startél7?

Using equation (2.1), for the normal speaker, whose
clipping level is, say, 12 dB above its r.m.s. level, the

probability of reaching TL;S:

Considering the talker range as + 3 dB, typical values

for talkers who are entering the weak and strong levels,

are:

Py, = 1.86% weak ones

o]
Il

13.57% strong ones

Therefore, if TL has been reached with a probability p

which is:

1.86< p < 13.57% (2.2)




the level is considered normal and the gain is not adjusted@\

because we are in closed loop-configuration.

The following inequalities may be written:

L, > Mo+ p3wlsn+ (1L - p3)W28n (2.3a)
+ + - 2.3
L, < MO pzwlsn (1 pz)wzsn ( b)

where §, is number of samples in time interval T, that is

§ = 8000T if T in seconds.

Wl and Mo (W2 is already - 1), must be chosen to convert
(2.3a) and (2.3b) into equalities when p is not satisfying

relation (2.2).

The period T is chosen to avoid rapid fluctuation in the
gain. It is an important parameter and its selection will

be dealt with in detail in Chapter 4.

If T-is, say, 100 ms, then Sn= 800 samples. L2 is
determined by the store capacity. To use the circuit
efficiently, Ll is chosen equal to zero and L2 maximum
capacity of the store device used; thus if a z-bit device

is being used, then
L,=2% -1 (2 .4)

For z, say, 10 and solving (2.3) and (2.4):

M_ = 754
@)

w = 31
1

L2 = 1023

As this confirmation is closed-loop, the output will

become normal (that is, in equilibrium) after the

~13-




corresponding setting values have been chosen; unless the;3 ,
signal is too weak and requires more than 12 dB of gain or

too strong and needs more than 6 dB of attenuation.

(o,12
A d.a.g.c. to the above design was built and tested '

by connecting it between the send and the receive terminals
of a standard Conference of European Postal and Telegraph
Administration (CEPT) 30-channel PCM system. Under manual
control, the system was found to operate correctly on every
channel. Tests were carried out under automatic control,
using input signals consisting of pure tones, Gaussian noise
and speech. Satisfactory operation was obtained when noise
and speech signals were transmitted, and the measured
results agreed with the calculated characteristics. Fig.2.5

shows the results with Gaussian noise input. When sinusoidal

0 7 % %
o~ w (dB -6dB
-10 4
D
) .
o automatic
S 20
2
=
© 0 dB, manual selection
“"}) T T N
0 0.5 10 15

Input volfage, V rms

Fig. 2.5 Characteristic i/p/o/p for the closed loop
configuration d.a.g.c. with Gaussian noise
as i/p

~14-




signals were transmitted, it was found that the gain setting

of the system sometimes oscillated.

In order to investigate the reason for this oscillation,
a mathematical model of the d.a.g.c. in closed-loop
configuration was made and will be discussed in the next

section.

2.5.2 Mathematical Model of the d.a.g.c. in Closed-1loop

Configuration

The d.a.g.c. in closed-loop configuration may be visualised

as a 'percentage analyser',6 that is a device that calculates
and analyses the percentage of time the output is above

certain threshold level,T Fig. 2.6 shows the model.

L.
p(nT) : percentage of time the signal y is above T,
Kp(nT) : setting value depending on p(nT)
Kp(nT) =1 1if P, < p(nT) < Pj
KP(DT) =% if p(nT) > p,
Kp(nT) = 2 if p(nT) < P,
K (nT): real setting, which multiply the input, therefore

o}

its value depends upon Kp((n - 1)T) and Ko((n -1)T) .

In general, p(nT) is a function of the r.m.s. level of

the signal, the output y,
p(nT) = £(y)

where y = TL/(r.m.s. level of the signal).

-15-
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K ) < alculator
Fig. 2.6 Mathematical model of the d.a.g.c. in closed-

loop configuration

PinT), percentage of time the signal is above
certain threshold level

Kp(nT), setting value depending on p(uT)
K (nT) = 1 if p <p(nT) g
D 1 pz p( ) p3

K (nT) = 2 if p(nT) > p,

P
K (nT)
P

I

5 1f p(nT) < p,

Ko(nT), real setting, which multiply the /P,
therefore its value depends upon Ko[(n-l)T]

and Kp}(n—l>T§’

~-16—




K (nT) is determined from the definition of normal
P
talker; if Py <p(nT) < Pi then Kp(nT) = 1, otherwise
Kp(nT) = 1/2 or 2.

Ko (nT) =<1(”p«n - 1)T), Ko((n - 1)T))

As g( ) is not a proper function, it will not be used

further.

It is necessary to calculate the value of p((n + 1)T)

as a function of p(nT) and Kp(nT).

Then,
p ((n +1)T) = f{§/Kp(nT)}
Rearranging :
£ 1 (p (nm))
p((n + 1)T) = £{ X (nT) }
P
Now, if Kp(nT) = 1, that is the level §/Kp(nT) is in

the range of the normal talker defined, gain should be kept,

p((n + 1)T) = p(nT)

Let Y, and Yo be the extremes of the range of level
for no change of gain is necessary and Py and P the
percentages of time that Yy and Yo respectively, will be
above the threshold level TL’ Figure 2.7 shows this

arrangement for r.m.s. values of Yy greater than Yy-

Let Ay be the ratio between y, and Y, expressed in dB.
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Tl /RMS. level

: > Percentage of
: L 12 time the signal
1 Is above T

Fig. 2.7 R.m.s. speaker level in function of percentage
of time above T

L
-1 l y

) . f " (p(nT)) _ 1
lim p((n+1)T) = lim{f |3 509 }o= f{i~jaﬁyf§}
p (nT)~p, p(nT)~p | P a P )

and

, R g f " (pnT)), _ 2
limgl(n + 1)T) = lim  £{ 50 } £z €50 }
p(nT) » p; p(nT) ~ P P g P g

K (nT)g is Kp(nT) correspondent to gain (greater than 1)
p

K (nT)a is Kp(nT) correspondent to attenuation (less than 1)
p

To avoid oscillation, it is necessary that:
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whi

and

P
Hetmm b T2y
9
ch gives:
yl/Kp(n’I‘)a = v, (2.5)
/K (nT) = (2.6)
Y2 P g Ya

Combining (2.5) and (2.6) :

K
a

1.

Calling K_(nT) and K (nT) , expressed in dB, as K and
p g P a g
respectively; the following table is formed:

Kg + Ka = 0O

1-1 : Ay < Kg Oscillation

1-2 : Ay > Kg No oscillation
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2. Kg + ka # O

2-1 : Ay > Kg & Ay >| Kal No oscillation

2-2 : Ay > Kg & Ay < Ka] Damping
2-3 : Ay < Kg & Ay > | Kal Damping possible
2-4 : by < Kg & 4y < | Kal Oscillation possible.

If, for example, yl/y2 = 1 and Ka + Kg = 0(91 then

oscillation will occur even for speech signals.

Now, it is appropriate to study the design detailed

at Section 2.5.1.

2.5.3 Speech Signals

To calculate : p(nT), eq. (2.1) is used:

p(nT) = e B
- - T
£ pary | - =ieg Rl
V2
¢ + log p(nT)
pln + 1)1) = e “p T
If Kp(nT) = 1, then p((n + 1)T) = p(nT), the gain should

be kept, in other words, equilibrium has been reached5

In the present case, the normal talker is defined as

that being 9 dB and 15 dB below clipping level and TL is

6 dB below it. Then Py = 13.6% and pc = 1.86%.

Kg = 2 and Aa = 1/2

20~




Therefore:

Yy 1= ot 1Log0.136) /% _

lim p(n + 1)T = f{K D) = 0.0186
p(nT) ~ P,
Y
lim p(n + )T = f{———2~—~}= e+ aog0.0186LG; 0.136
Kp(nT)g

T
p(n)+p5

Therefore, with speech signals and the parameters chosen

there will not be oscillation at all.

2.5.4 Sine-wave Signal

This is analysed taking the parameters already given.

P(szrxi has to be chosen for a sine-wave. Fig. 2.8

illustrates this:

o o
= /WemT) \\\///

Fig. 2.8 Sine-wave used to calculate P (X >4, )

From the above figure, the percentage of time the

signal is above TL is:

_ 180-26 (nT)

p(nT) 180

8 (nT)

I

90(1 - p(nT)) (2.7)
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We will have:

/7vfine(nT) =T (2.8)

9 (nT) yields to p(nT) and this to Kp(nT)

V2K (nT)VI'sine{(n + 1)T} =T (2.9)
P

Using (2.8) and (2.9)

Sinb (nT)

Sin@{(n + l)T} = K—(n—T)———-
p

Sin90(1 - p(nT))

Sinf6{(n + 1)T} Kp(nT)

I

Sin90{l - p((n + 1)T)} = K~%HTT.COS9Op(nT)
P

Cos90p ((n + 1)T) = ﬁcos (90 p(nT))
P

p(n + 1)T) = ghcos™L(EQ830p (nT)
p

90

If K (nT) = 1
P
p({n + 1)T) = p(nT)

and the equilibrium has been reached.

1.86

ow

Checking for oscillation withj_‘.p4 = 13.6% and p.

glacOs'l{chs%( 0.186)} = 67.7%

1 -1,1 _ K
55 Cos {—%—~COS90(O.136)} =0

i

afisfied, which mea:




Therefore, the d.a.g.c. is not reaching equilibrium.

Let us look for Ay = Yl - Y2

Using (2.9), and calling Kp(nT)%_z o, and
Kp] (n + 1)T|V = o,,
el chOS9O p4 = TL
J2 62COS9O Pg = TL
o
We want ~1 _

1—02) in dB is approximately 0.2 dB.

This is case 1-1 of oscillation.

In order to avoid oscillation with the sinewave we must

achieve:
Cos9q_34
Cos9Op5 =1/
Cos9q34 = O.5Cos9Op5

The maximum argument for left-hand side cosine is 1/2, then

p4 = 0.66667 is minimum value and ps = 0.

For speech signals, these figures correspond to a range

of 27 dB.

Concluding, the oscillation in the presence of a sine-
wave signal cccurs because a sinusoidal signal has a

different distribution of voltage with time from speech
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signals. If we assign a normal-operation range of 6 dB
for speech signal, this will correspond to about 0.2 dB
for a sinewave. Consequently the system never will reach

equilibrium.

2.6 METHODS OF AVOIDING OSCILLATION

2.6.1 General

Although the closed-loop system described in Section
2.5 operated successfully with speech signals, the gain
setting oscillated when sinusoidal signals were transmitted.
In practice, pure tones are used as test signals for lining
up circuits and sinusoidal carriers are used for data
transmission over telephone connections. It is therefore
necessary that a d.a.g.c. system shall operate satisfactorily

for any channel which is transmitting a sinusoidal signal.

Two possible modifications to the previous system were

considered:

(1) Associating with the closed-loop d.a.g.c. an ancilliary
circuit to detect the presence of a sinusoidal input

and alter the operation of the system accordingly.

(2)  Replacing the closed-loop d.a.g.c. with an open-loop

system.

2.6.2 Closed-loop with Predictor

If it is desired to develop the first idea, it could
be done if the presence of the sinewave is detected initially.
When a sine wave is present, the contribution to the value

NV(=MC)+ Wi; i =1; 2 or 3) is always the same. In

D4




consequence an easy method of detection is to observe if the

increment or decrement is the same (constant) for two or
more periods t; if this happens, the minimum gain of those
that are in the oscillation would be set. Now, to set the
minimum gain is the same as to take an average between the
values which are occurring during the oscillation, because

in order to attenuate, NV must go up and this is much quicker

than to go down.

A possible method is to observe the new value NV every

t seconds, t < T. 1If Nvis continuously increasing or

decreasing then oscillation is present.

In oscillation, the following relationship will exist:

NV(3t) > NV(2t) > NV(t) > NV(O)

or

NV(3t) < NV(2t) < Nv(t) < NV(O)

where Nv(nt) is the NV measured every t seconds.
Fig. 2.9 shows the predictor circuit designed with

comparators and memories.

2.6.3 Controller in Open Loop-configuration

Another way of solving the oscillation problem is
opening the loop of Fig. 2.4; this is illustrated in

Fig. 2.10.

An open-loop system must monitor the level of the input

signal to determine which of several ranges it lies in and
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1 % 1" logic, sine-wave present
‘0" logic, sine-wave ahsent

Fig. 2.9 Ancilliary circuit for a d.a.g.c. in closed-
loop configuration.

[/P

3 prom #—0/P

Con-
troller

@
N N

Fig. 2.10 Open-loop configuration
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insert the gain or attenuation appropriate for each range
of levels. The number of decision levels is thus incréased
from two or three (for a system having four gain settings).
As before, the system operates by counting the number of
input samples, N which are above threshold level TL during
a time period T. Two different approaches are considered:

(12)

Open-loop Controller number 1 and Open-loop Controller

number 2.

2.6.4 Open-loop Controller Number 1

Let N be the number of samples above T during T

LI

seconds of speech signal, then may be written:

If N <« Nl insert 12 dB gain
If Nl <N ( N2 insert 6 dB gain
If N2 < N & Ny insert O dB gain
If Ny < N insert 6 dB loss

where Nl < N2 < N3

If T is, say, 1000 ms and TL is 9 dB below top level
and zero dB is provided for speakers whose r.m.s. speech
levels are between 9 dB and 15 dB below the limiting level

of the PCM coder, typical values for N., N, and N, are:

o2 3

Nl = 29; N2 = 476; N3 = 1945

These figures will require a 13-bit shift register (11

bits plus two more to store the remaining bits to address

the p.r.o.m.). As before, a speech detector is incorporated

to avoid setting maximum gain when silent periods are present.

Provisions should be taken to ensure that the design averages
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speech signals only, this is made taking the decisions

when B8000T samples of speech have been counted. During

silent periods, the last setting is kept.

2.6.5 Open-loop Controller Number 2

In this configuration three threshold levels are used,
instead of one, and the controller counts how many timeSiN,

the speech signal is above each one.

Let T T and T be the threshold levels and

L1’ "L2 L3

Tr1 7 Too ” Tos

If it is required to span + 3 dB, then

TLl = TL2 + 6

TLl = TL3 + 12

For instance, if TL2 is 6 dB above the r.m.s. level of

a speaker needing O dB, then TL3 and TLl are at:

T O dB above the r.m.s. level

L3
12 dB above the r.m.s. level

L1
Therefore, a normal talker sees the threshold levels
where they are. But a talker needing 6 dB loss will see

as less than 9 dB above; T as less than 3 dB above

Tl L2

and TL3 as more than 3 dB below. If the speech level is

weak, is more than 15 dB above, T more than 9 dB

T L2

above and TL3 more than 3 dB above.

If T = 100 ms the following relationship may be drawn:
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If N > TLl more than 3 times 6 dB loss

If N > TLz_more than 3 times O dB gain
N > TLi less than 3 times
If N > TL2 less than 3 times 6 dB gain

N > TL3 more than 3 times

If N > TL3 less than 3 times 12 dB gain

During silent periods, the d.a.g.c. will maintain the

existing setting.

Of the solutions to the oscillation problem of the
d.a.g.c. in close-loop configuration studied here, the
open-loop system is simpler than the closed-loop with
predictor. Between the two alternatives for the open-loop
configuration, the one with one single threshold level
was simpler to implement than the one having a single

counter and three different threshold levels.

As the open-loop system was adopted, it will be

dealt with in the next chapter; Fig. 2.11

shows a possible hardware implementation for the

open-loop controller number 2. The incoming signal is
converted from serial to parallel; it is compared with
the threshold levels (TLl, TL2’ TL3) and if the signal is
above them, the adders 1, 2 and 3 will increase the
counts stored in the shift registers 1, 2 and 3. To
prevent the insertion of gain when there is no speech,
the magnitude of the incoming signal is compared with a
fourth threshold level; if it is above, this is counted

by adder 4 and stored in the shift register 4. The shift
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registers operate in synchronism with the PCM system and

present their contents for each channel in turn to the
comparators 1, 2, 3 and 4 to be compared with N. When
the number of active samples, those above the fourth
threshold level, which has been stored reaches 8000T the
logic circuit in Fig. 2.11 enables the output from
comparators 1, 2 and 3 to modify the control bits, used
to form the address to the p.r.o.m., accordingly with

the relationships given in 2.6.5.
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CHAPTER 3

DESIGN AND SIMULATION OF A D.A.G.C.

IN OPEN~LOOP CONFIGURATION
3.1  DESIGN

This section describes the design of the d.a.g.c. in
open-loop configuration, being the one developed that has
3 counters and one threshold level as described in section

2.6.4.

As stated in section 2.6.4, let N be the number of

samples above certain threshold level T, .This d.a.g.c.
1

operates using the following relationships:

If N s‘Nl insert 12 dB gain
If N, < N ¢ N, insert 6 dB gain
If N2 < N £ N3 insert O dB gain
If Ny < N insert 6 dB loss
Nl’b5 and N3 are figures to be calculated and they satisfy

the relationships:

Nl < N2 < N3

It is necessary to determine the appropriate values

for them in accordance with the threshold level chosen and

the speech level taken as reference.

In principle, the threshold level can be anywhere. Its

value is restricted only by the number of samples which may
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be required to define a speaker requiring no change of

gain. For instance, if the threshold level is too high
(within one of the upper segments of the A-law) the number
of samples required may be zero if the time constant is
not big enough and the level of the signal is too far from

the threshold level. If the threshold level is too low

(second or third segment, for example), the number of samples

necessary to take a decision could be high and not possible

to achieve because of hardware limitations.

To calculate Nl’ N2 and N3,Eq (2-1) is used. For 6 dB

steps, we have the gain setting values of -6 dB, O dB, 6 dB

and 12 dB. A talker who receives 0O dB is named reference
talker (RT). In order to generalise, Fig. 3.1 may be used.
RT
] i 1 }
Peak
53 % )
Fig. 3.1

_Reference Talker Definition

For 6 dB-step device, from Fig. 3.1 it is defined:

Ayzyl~y'2=Y2”Y3;6-dB

~33~



The threshold level could be at one of the limits of

the talker taken as reference. If it is at y,, then a

speaker who produces an r.m.s, of %_reaches the threshaold

level in N3 occasions, where.

-2
N4= 8000Te (3.1)

If Yy, r.m.s. level is produced T is reached N,times,

L Pl
1
where:

_ Ay/20
N, = 8000Te /2.10 (3.2)

Also, if Y3 T-M.S. is produced, the threshold level is

attained as many as:

_ Ay/10
N, = 8000Te v2.10 (3.3)

To avoid setting maximum gain because of silence, a
speech detector is incorporated. To do this a second

threshold level, TL , is used to define when a sample is
2

considered to be speech or just noise. Whenever the P.C.M.

word is below TL , nothing is added to the counter. Each
2

sample above TL2 is termed an active sample. In fact, when
the number of active samples (NAS) is equal to the number

of samples that there are in the time constant T, a decision
is made. This<makes the actual time to take a decision

greater than the time constant chosen. To see how much larger

it is, this can be worked out for a speaker needing O dB.

Let T, Dbey, dB below the clipping level. The y, dB~talker
2

is (yy-y,)dB above Ty ;the time constant for this speaker will

2
be:

-~ A
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~v2.10” W17¥ 1/20
T, = T/(e R (3.4a)

for the speech level which is at upper limit. If he is at

the lower limit:

~v2.10” Wam¥1/20

Tr = T/ (e ) (3.4b)

If T=0.1l seconds Yq and Yo equal to -9 dBr and -15 dBr
relative to the clipping level, and Yy = -40 dBr, then the
reference talkers have a time constant which varies from
104 ms to 108 ms. For a talker 6 dB below the RT, the time
constant limits are from 108 ms to 117 ms. Therefore to
set 12 dB gain it is necessary to have more than 117 ms.
For setting 6 dB loss, it is necessary to have less than
104 ms. Actually, to achieve 100 ms at the time constant

chosen, the signal must be very high.
Fig. 3.2 shows the design.

The p.r.o.m. contains a look-up table for the appropriate
output word for every input word for each of the gain
settings provided. Each address is selected by a 1lO-bit
word which comprises 8 bits from an incoming P.C.M. sample

corresponding to the gain control for

and two, S, and S

1 27
that channel. The incoming P.C.M. signal is converted from
serial to parallel mode before processing and the output
signal is converted back to serial mode, as shown in Fig. 3.2.
It is also necessary to arrange for digits contained in time

slots 0 and 16, used normally for frame alignment and

signalling respectively, to bypass the signal processing
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system lest they be processed by it. This is not shown

in Fig. 3.2.

The speech detector, as has been stated, is to avoid
gaps in the speech being treated as low-level signals and

thus causing maximum gain to be inserted.

The samples whose magnitude exceed T. are detected by

L
1
"digital comparator Cl’ and those below TL are detected by
: 2
C2. The comparators are connected@ to logic units LUl and

LU2 respectively. Each sample exceeding the threshold

levels causes the LU to add 1 to the count stored for that
channel in a shift register. This operates in synchronism
with the P.C.M. system and presents its contents for each
channel in turn to the logic units LUl, 2 and 3. For each
channel it stores: the number of samples exceeding TL

1

(processed by LUl), the number of samples exceeding TL
2

(processed by LU2) and the gain control digits Sl and 82

(processed by LU3). When the number of active samples

exceeding TL (determined by comparator C6) which has been

2

stored reaches 8000T, the number of samples exceeding TL
1

which has been stored is read out. This number, N, is

compared with Nl’ N2 and N3 by digital comparators C3, C4

and C5 whose outputs cause logic unit LU3 to select appropriate

values of Sl and 82 to be used in addressing the p.r.o.m.

The counts of samples exceeding T, and T; are then reset

| L Ly
to zero and wvalues Sl and 82 are inserted by LUl, 2.and 3

respectively. Sl and 52 are thus reassessed every T seconds.

The above design is slightly modified for 3 dB-step
operation in the following way. It is necessary to use

three more comparators connected to LU3. The p.r.o.m. must




pe addressed using 1l bits instead of 10, as one more is
necessary for the third control bit, S;. The shift register

must alsoc be increased in size,

3.2 COMPUTER SIMULATION OF THE D.A.G.C. IN OPEN-LOOP

CONFIGURATTION

The simulation was made in real-time and due to the low
speed of the computer, only one channel was processed. The

language employed was machine language.

The computer played two roles. First, as a memory,
storing the look-up table and, second, as the digital
automatic gain control itself. There as an interface
circuit which converted the P.C.M. word from serial to
parallel and vice-versa. Also, from this interface the
necessary clocks to drive the PDP-1ll were extracted. Thus,
for instance, a clock was generated to enable the ccmputer
to read the P.C.M. word already in parallel form; a slightly
different version of the former, to do the conversion the

other way around.

Fig. 3.3 shows the pulses generated by the interface

itself and the pulses given by the P.C.M. egquipment.

About the allocations of the TLl, it was placed at one
of the limits of the talker taken as reference. For
simulation purposes, the reference talker chosen was that

whose r.m.s. level is between 9 dB and 15 dB below the
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Fig. 3.3 Interface Signals

L”" Reference

TS0, pulse, produced
by the GE.C. equipment.

2063-MHZ  clock, from
GEC equipment.

78~ us clock, from interface, fo
‘and’ with above clock to obtain serial-

to-parallel converter clock

Result from theabove ‘anding’
operation.

Load pulse for parallel-foserial
converter

Enable pulse. Tell the computer
1 datais read for input.
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clipping level. This talker may be considered a loud one 1)

The reference talker will receive O dB gain; talkers whose
r.m.s. levels are between 15 dB and 21 dB below clipping
will receive 6 dB gain. Those 21 dB or more below top
receive 12 dB gain and those less than 9 dB below it receive

6 dB loss.

Fig. 3.4 shows the different talkers, for the 6 dB

step—-scale.

)
3 g
= g
D R
G =
o a
. , = "
-2dBr  -15dBr  -9dBr 0 dBr

12 dB up 6a§up RT 6dB down

Fig. 3.4

Zone of operation of a 6 dB step d.a.g.c.

The r.m.s. level of a median talker is at -26 dBx

relative to the clipping leveltzllg thus to get attenuation

the speaker must have a very loud voice. At this stage,
our interest is to have the d.afg,c. in open-loop

configuration working and to find out its performance with
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different parameters.

The threshold level, TLlwas situated at -9 dB, relative
to clipping, for a system using 6 dB steps and at -10.5 dB
for a system using 3 dB steps. Fig. 3.5 shows the zone

levels for 3 dB sﬁeps.

Using egquations (3.1), (3.2) and (3.3) and a time
constant of T=100 ms, O dB will be introduced if the signal
lies within yland y2 between 48 and 195 occasions. If
the TLl is reached more than 195 times, 6 dB loss

is inserted. If the threshold level is achieved between 48

and 3 times (N, and Ni)’ a gain of 6 dB is introduced and

2
if it is reached less than 3 times 12 dB gain 1is

switched in.

Doing similar calculations for 3 dB-step d.a.g.c.
and T=0.l seconds and the zones as defined in Fig. 3.5, we

have the following relationship:

N-294 6 dB loss
194<Nig 294 3 dB 1loss
112<Ng194 © dB gain

45<Ng112 3 dB gain
16<Ng 45 6 dB gain
3¢<Ng 16 9 dB gain

Ng 3 12 dB gain

The second threshold levyel, TL , was, as this stage,
2

40 dB below clipping level.
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RT

i X 1 i 1 N }?
;22.5 dBi -195dBr  -B5dBr -135dBr -105dB8r -75dBr 0dBr
12dBup 9 RBup 6dBup  3dB up 0dB  3dB 6dB
down down

Fig. 3.5 Zone of operation for a 3 dB step d.a.g.c.

init
|
1

signal
out
I —
signal )
in ? no
T_______
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ve ? yes|sign \

[
—

. noise ? reset
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NAS;BO@T Tes NDS>N?>—p &3 loss -

Y Y \
N.AS+1 ND.S > N7 dB qain [
. I
no—signab Ty NDS > NS? —6dB @in ]
1 y
N.DS +1 BRI —

~

Fig. 3.6 Flow Diagran




The software itself works as follows: the first step
is initialisation, then the computer reads the P.C.M. word,
when it is available; the software is checking continuously
a pulse which comes from the standard 32-channel P.C.M.
equipment in order to ensure that the PDP-11 reads the word
when it is present. It tests whether thewrd is positive
or negative in order to choose the appropriate first and

second threshold levels, TL and TL . It checks if the
1 2

word is an active sample; if not, the computer immediately
sends the word out, with the previous setting, to the P.C.M.
equipment and waits for the arrival of the next sample. This
is the method chosen to avoid inserting maximum gain when no
speech signals are present. If so, it is counted as an
active one and the word is sent out, with the previous

setting, to the P.C.M. system..

Then it is necessary to test that the time constant
has been reached, that is if NAS is equal to a preset value
which represents the number of samples in the time constant
chosen. If the time constant has not been reached, the word
is compared with.TLl, if it is above, the sample is counted
as a decision sample, DS. The number of decision samples,
NDS, required to decide the setting values to be used is in
accordance with the rules established in section 3.1. Then
the computer waits for the next sample to arrive. If the
time constant has been reached, the PDP-11 determines in

which region the number of decision samples lies in, in order

to choose the new setting, which will be used for at least
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T. seconds starting with the next sample. The programme

has facilities for modifying the time constant, also the
values of the threshold levels. Fig. 3.6 shows the flow

diagram.

The d.a.g.c. was connected between the send and the
receive terminals of a standard CEPT 32-channel P.C.M.

System(lz’zz);

however only one channel was processed.
The design was extended to a d.a.g.c. able to introduce
gain or attenuation in steps of 3 dB, as follows: 6 dB loss,

3 dB loss, O dB gain, 6 dB gain, 9 dB gain and 12 dB gain.,

The software was modified accordingly.

3.3. TEST OF THE D,A.G.C, 'IN OPEN-LOOP CONFIGURATION

3.3.1 General

The purpose of these tests was to study the performance
of the d.a.g.c. when it is operated manually or automatically
and to see its behaviour using different types of inputs
(sine-wave, Gaussian noise and real speech) and different
time constants. The tests were made using the two versions
of d.a.g.c. were developed, namely, 3 dB step d.a.g.c. and

the 6 dB one.

3.3.2 6 dB Step D.A.G.C.

3.3.2.1 . Static Test

An 8-bit binary number was used as input. . Table 3.1

shows the results obtained. The outputs were as expected
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under both manual and automatic operations; the settings
were, of course, 12 dB up or 6 dB down. This is because

the word was 100% above or 0% above T, ; therefore

L
gain or loss was required. '
I/p MANUAL (O dB) AUTOMATIC GAIN (dB)
10101101 10101101 10001101 12
10101100 10101100 10001100 12
10101110 10101110 10001110 12
10001111 10001111 10011111 -6
11110000 11110000 11010000 -6
10110100 10110100 10010100 12
00110100 00110100 00010100 12
01110000 01110000 01010000 12
01110001 01110001 0loloolo 12
11100000 11100000 11000000 12
TABLE 3.1

Static Test of the d.a.g.c,

3.3.2.2. Sine-Wave as Input

The tests were made using different time constants,

which means different number of active samples and different

number of decision samples. This is taken into account with

the Egns. (3.1), (3.2) and (3.3). For each time constant,

the computer was given the values and worked out the

appropriate figures.
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The time constants were varied from 50 ms to 1000 ms.

Fig. 3.7 shows the results for a 1000 Hz sine-wave and a
time constant of 100 ms. It can be seen that O dB was not
achieved. This 1is logical because even though there is no
oscillation, the sine-wave is virtually a fixed level.

The results were the same for each time constant.

3.3.2.% Gaussian Noise Test

To simulate speech, Gaussian noise was used as input.
The output was measured with a British Post Office speech
volt“om@ﬁ@é30), whose readings were dB relative lv., Table
3.2 shows the results obtained for different time constants
and for manual operation. Fig. 3.8 shows the input/output
characteristics. It was observed that the settings
oscillated, which was due to the random nature of the signal(g)
It can be seen from Table 3.2 that the changes always

occurred at the same point, independent of the time constant

used.

3.3.2.4 Speech Test

At this stage, the speech test was limited to use
real speech as input and measured the output, both manual
ard automatic, and using different time constants. Table
3.3 shows the measurements taken. The author did not notice

appreciable degradation of the speech guality.

3.3.3  TEST TO THE 3 dB STEP D.A.G.C.
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Fig. 3.7 Input/Output characteristic with sine-wave

f = 1000 Hz, T = 0.1 sec.
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TABLE 3,2

Gawssian Noise Test

Time
Censtant (ms) 50 100 200 300 400 500
/P MAN AUTOMATIC AUTOMATIC

— BV BV daBv B K1Y By B

5 | -53.80 | -43.0 | -43.2 | -42.9 | -42.5 | -42.8 | -43
10 | -49.16 | =37.2 | =37.2 | -=37.0 | -37.0 | -36.8 | =37.2
15 | -46.00 | -34.C | -33.8 | -34.0 | -33.5 | -33.6 | -34.0
20 | -43.60 | -31.5 | -31.8 | -31.5 | -31.5 | -31.5 | -31.5
25 | -41.60 | -29.5 | -29,8 | -29.8 | -29.5 | -29.5 | -29.8
50 | -35.80 | -23.8 | -23.5 § -23.5 | =23,2 | -23.2 | -23.2
60 | -34.20 | -22.0 | =22.0 | =22.0 | -21.8 | -21.5 | -22.6
70 | -32.60 | -20.5 | =20.6 | -20.5 | -20.2 | -20.2 | -20.8
80 | -31.2 -19,8 | -19.4 | -19.6 | -19.5 | -19.3 | -19.6
90 | =30.5 -18.6 | -18.6 | -18.5 | -18.5 | -18.5 | -18.5
100 | =29.65 | -17.5 | =17.6 | =17.4 | =17.5 | -17.2 | -17.6
150 | -26.0 | -14.1 | -14.0 | -14.0 | -14.0 | -13.3 | -14.0
200 | -23,60 | -11.8 | =11.7 | -11.7 | -11.5 | -11.4 | -11.6
30 | -16.50 | - 4,0 | = 4,5 | - 4.5 | - 4,2 | - 4,0 | - 4.4
400 | -14.0 -4.0|-80 |-8.0|-8.0]-8.01}-28.0
500 | =12.0 | -6.,5 | -6.5|-6.2]=-6.0]=-6.01]=6.0
60 | -10.70 | - 5.2 | = 5.2 | -5.0| -5,0]-6.0|=-5.0
700 | - 9.60 | - 9.5 | = 9.5 | - 9.5 - 9.5 | - 9.5 | - 9.5
800 | - 8.6 -85 |-8.5|-851-8.81=-8.5]-28.6
900 | - 8.0 -85|-80|-80|-8.01]-7.5|-28.0
1000 | -7.30 ! =7.5 | -7.5|=7.5|=-17.6|=721]=7.5
1100 | - 6.80 |- 7.5 | = 7.0 |- 6.8 | =7.0 | -6.8 | ~-7.0
1200 | - 6.5 -80|-7.7-75|-80|=-7.0}|-17.0
1300 | - 6,2 - 80 | -8.0 | -12.0 | -12.0 | -11L.6 | -12.0
1400 | - 6.0 -11.0 | -12.c | -12.0 | -12.0 | -12.0 | -12.0
1500 | - 5.6 -12.0 | -11.8 | -11.6 | -11.5 | -11.5 | -11.6
16c0 | - 5.6 | -11.5 | -11.8 | -11.6 | -11.5 | -11.5 | -11.6
1800 | - 5.2 -11.2 | =-11.2 | -11.2 | -11.2 | -11.2 | -11.3
1500 | - 5.1 ~11.2 | -11.2 | -11.2 | -11.2 | -11.2 | -11.2
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3.3.3.1 Sine-Wave Test

The results were similar to that of the 6 dB d.a.g.c.
sine-wave test; that is independent of the time constant,

and the changes occurred always at the same point.

3.3.3.2 Gaussian Noise Test

Table 3.4 shows the results and Fig. 3.9 the input/output

characteristics. The results were independent of the
time constant. As in the 6 dB step tests, the change always

occurred at the same point and the settings oscillated(9).

3.3.3.3 Speech Test

The test was carried out in a similar fashion as in
6 dB step test. Table 3.5 presents the results. The author

did not observe any degradation of the speech quality.
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TABIE 3.4

3 dB steps, 1000 ms, 200 ms

- , 1000 mg 20C ms 200 ms
EE LR | orE | 9w | s

5 | -53.80 =55.8 | - 5.1 | -53.2

10 | -49.16 -51.0 | -46.0 | -37.6

15 | -46.0 -48.5 | - 4,0 | -33.8

20 | -43.60 -46.0 | =31.6 | -32.1

25 | —-41.60 -30.0 | -29.8 | -30.2

50 | -35.80 -23.6 | -23.4 | -24.7

60 | -34.20 -21.6 | =22.0 | -22.1

70 | =32.60 -20.5 | =20.6 | -21.0

80 | -31.20 |- -19.4 | -19.6 | -19.2

%0 | -30.50 -18.5 | -18.5 | -18.5

100 | -29.65 -17.5 | =17.4 | -17.4

; 200 | =26.00 -11.6 | -11.6 | -11.6
30 | -16.50 ~ 4.4 |- 4.6 |- 4.6
350 | -14.60 - 5.6 |-5.6 |- 3.2
400 | ~14.00 - 8.0 |- 8.0 |- 8.0
450 | -13.00 -8.0 | -7.0 |- 7.2
500 | -17.0 - 6.0 |- 7.0 | - 6.0
525 | -=11.50 - 8.5 | - 8.5 | - 5.5
600 | —10.60 - 7,4 |- 7.5 | -4.8
650 | -=10.00 - 7.0 | - 7.0 | -10.0
700 | - 9.60 -9.6 | -9.6 | -9.8
750 | - 9.20 - 9.2 | =-9.2 | -9.2
800 | - 8.60 - 8.5 [ - 8.8 | - 8.6
850 | - 8.20 - 8.2 | -85 |-8.4
%0 | - 8.00 - 8.0 |- 8.0 | -8.0
950 | - 7.40 -10.2 | -10.2 | - 9.6
1000 | - 7.30 - -10.1 |-10.2 | -1l.6
1100 | - 6.80 | -9.8 |-9.8 |-7.0
1200 | - 6.50 -~ -9,2 |-9.5 |- 6.8
1300 | - 6.20 - 9,0 | -9.0 |-12.2
1400 | - 6.00 - 8,5 | -8.8 | -12.0
15c0 | - 5.60 " ~-9.0 |- 9.0 | -11.8
1600 | = 5.60 -11.6 | -11.6 | -11.6
I B y-11.2 | -11.4 | -11.1
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CHAPTER 4

SUBJECTIVE TESTS

4,1 GENERAL

This chapter describes the subjective tests carried

out on a telephone local connection with a d.a.g.c.

incorporated which was able to introduce O dB, 6 dB or
12 dB gains. The objective was to find out the response
of listeners and the improvements and impairments detected

when the d.a.g.c. is in use. The 6 dB loss insertion

feature was left out because it represents the solution

to a rather different problem (5’6’7'13’14). However,

in the previous chapter, the 6 dB loss insertion property

was studied objectively.

The purpose of the test was threefold: firstly to

determine whether a connection is better with or without

d.a.g.c.; secondly to choose levels of speech at the
listenersear at which it is appropriate to introduce the
d.a.g.c. and thirdly to determine an acceptable time L

constant. The tests were carried out in three stages,

the first preliminary stage, had the aim of achieving

a general idea of how people react to the main parameters

involved: i.e. time constant and speech levels. Once
conclusions had been drawn from this stage, the next was

carried out, which was a larger and more thorough test.

The speech levels were reduced to just two; however, the
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rime constant was kept as a parameter. Finally, the last
stage was to find out the differences between time

constants.

4,2 TEST EQUIPMENT ARRANGEMENT

The subjective tests them'selves were made on a

connection as shown in Fig. 4.1(24).
TELEPH LOCAL | A AJUSTABLE LOCAL TELEPH.
HANDSET END ATATTENUATOR END HANDSET
Fig. 4.1

Basic Model for Tests

A tape recorder was placed at A; it had previously
recorded speech samples according to the rules stated
elsewhere(24); that is the speech,material is recorded
at a previously chosen level, together with a calibrate
tone, Fig. 4.2(a). Then, the recorded material 1s replayed
to measure its level, Fig. 4.2 (b) and, finally, the
sentences are re-recorded into recorder R-2 with uniform

level, Fig. 4.2(c)-
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TELFPH . LOCAL AJUSTA. TAPE

HANDSET END ATTENUA, % RECORDER
R-1

A) v

SINE-WAVE OSCILL.

R AJUSTA. TAPE
ATTENUA. RECORDER
R-2
C) =

SINE-WAVE  OSCILL.

Fig.4.2 Recording of sentences

(a) First time recording of sentences with tones.
(b) Replaying of sentences to measure their levels.
(c) Re-recording of sentences with uniform level.

NOTE: V - volt mgles, SV - speech volt weTee
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The tape recorder R-2 will be connected to A, Fig. 4.3,

> >

AJUSTA. L0CAL| [TEEPH.
ATTENU. = rrenua £ND HANDSET

pcm and dag.c
system.

Fig. 4.3

R-2 connected to the basic connection

The digital end has both the P.C.M. system and the

d.a.g.c. The final connection, with the PDP-11 computer

is shown in Fig. 4.4.

3\])

T —INTERFACE &
ATTENU. AJUATT. pcm POP =11

LOCAL
END

*xB

TELEPH.
HANDSET

- Fig. 4.4

Testing connection with P.C.M. and d.a.g.c. systems.




To avoid doing the above test in real time, a tape

recorder was used at B to record the output and play it
back in a quiet room at the same level it is heard (or
received) at B. A calibration tone was used to achieve

this.

4,3 PRELIMINARY TEST

The preliminary test was made with three speech levels,ll,
zzﬂg, four time constants and one voice. The three levels were

levels situated in the region of(24)

1l). preferred level
(=32 dBV), 2). near guieter than preferred (-38 dBV) and
3). between guieter than preferred and much quieter than

preferred (-4y FROA

The three time constants were 100 ms, 333 ms, 1000 ms
and O ms. O ms is equivalent to the d.a.g.c. not operating.
The test consisted of pair comparison, i.e. the listener
compares two presentations of speech and decideswhich one
is preferred. The speech samples were 30 seconds in
duration, one of which had been processed by the computer

and the other not.

With the d.a.g.c. in operation, three time constants
were used. The system with d.a.g.c. out is labelled
A; d.a.g.c. in and 100 ms as Dl; in and 333ms as D2 and

in and 1000 ms as D3.

As this test was fairly simple and short, it was

possible to conduct it in real time and therefore it was
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not necessary to make the recording at point B in Fig. 4.4.

The presentation to the listener of 2 30-second sample

was randomised. Fig. 4.5 gives the arrangement for this
test.
Fig. 4.5

Randomised arrangement for the preliminary test.

Listeners
|
AD2 | ADL |D2,A |D2,A| ADL| D ,A
1 2, 2y N g4, 2,
DL,A | A,D3 |A,D3 |ADL| D3,A| DL,A
O T T S DR T B T R T B |
D2,A | DL,A | A,DlL |D2,A| A,DL| D2,A
3 2, 2 L, L, L, 2,
D3,A | D3,A |A,D2 |D3,A| A,D | D2,A
4 Ly 23 % S %q
AL | AD3 | D3,A |DL,A| AD3| A,Dl
5 2, L, 2, by L,
AD3 | D2,a |A,D2 |D3,A| A,D2| D3,A
6 L, L L, L 2, 2
Fig. 4.6

Answers from the 6 subjects.to the preliminary. test.

1 p2 | DL | DL | A A D1
2 DL | A A A A A
3 p2 | A | DL |A |DL | A
4 A D3 A A A A
5 A A A _Dll D3 A
6 D3 | D2 .| A D3 | D2 | A




Grouping accordingly with the levels, we may present
the following results:
Level'ﬁl (=32 4Bv)
A=8
D=4 D1=2 (50%)
D2=1 (25%)

D3=1 (25%)

iLevel 22 (-38 dBV)
D=.73 D1=1 (25%)
D2=1 (25%)

D3=1 (25%).

Level 23 (=44 dRV)

D=7 D1=3 (75%)
D2=2 (50%)

D3=2 (50%%)

(12)

The test was not intended to be conclusive ", but
to provide a useful indication of likely performance.
The benefit to be derived from the d.a.g.c. is not great
when the speech is a little guieter only than preferred
but substantial benefit accrues when speech level is too
quiet. As previously stated, the d.a.g.c. was designed
to adapt to talkers changes in speech levels on a
continuous basis, the assumption made is that talkers .

tend to maintain a roughly constant level appropriate to
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them during a conversation. It is further assumed that
occasional variations in talkers level, leading to changes
of gain during conversation, will be acceptable. However,
experimental evidence suggests that this assumption may
not be valid as listeners, in majority of cases, commented
upon the adaptive nature of the experiment. Awareness of
this by the listeners may have led them to vote against
insertion of gain when they may otherwise have judged it
o be desirable. This being the case, assessment of the
most suitable duration of the time constant was
inconclusive. For this reason, the next stage had the
same time constants: O ms, 100 ms, 333 ms and 1000 ms.
However, the speech levels are confined to where they

matter most, i.e. below =38 dBV at listener's ears.

4.4 SECOND STAGE TEST

To have a more conclusive experiment, two voices,
o and 8, were used, both males; therefore, with two levels
and four time constants there were 16 treatments, which
are too many to be presented to any individual listener;
accordingly the experiment was based upon a balanced

incomplete block(26127,28).

The two levels chosen were 11=-38 dBV and 12=-44 dBV.
The former required 6 dB gain and the latter 12 dB gain.
The time constants were identified as: tO=0 ms, £1=100 ms,
t2=333 ms and t3=1000 ms.
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The treatments, vy, are numbered from 1 to 16. The
test was carried out using 16 subjects, or blocks, each
one being presented with six, k, 45—éecond samples of
speech; the number of replications, r, was six. The number
of times, A, each pair of treatments appears in the same

block, b, was(26’ 27, 28)

oD ss
TABLE 4.1
Identification of the Treatments
Treat— Levels |Voiceg Time
ments Constants
1 11 a t0
2 11 a tl
3 11 el t2
4 11 e} t3
5 11 B to
6 11 g tl
7 11 B t2
8 11 B t3
9 12 a t0
10 12 o tl
i 11 12 o} t2
| 12 12 o £3
13 12 B8 t0
14 12 B tl
15 12 g t2
16 12 B t3

Table 4.1 shows the identification of the treatments.

level voices time constants.

Table 4.2 shows the arrangements, randomised in the

way they were presented to the subjects.
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Subjects -y I ..} IL . | III . IV AVZ \Va
A 4 8 1 11 14 |15
B 10 11 6 12 2 14
C 14 13 5 10 7 4
D 6 10 15 13 1 16
E 13 6 9 14 3 8 '
F 12 3 10 15 8 5
G 9 15 11 5 13 2
H 11 4 16 3 9 10
I 1 2 3 4 5
J 15 9 6 12
K 2 7 8 9 10 1
L 3 1 13 7 11 12
M 5 12 14 1 16 9
N 7 14 2 16 15 3
0 16 5 7 8 6 11
P 8 16 12 2 4 13

TABLE 4.2

Randomisation of the Treatments

The listeners gave their judgements -of the six sentences

accordingly with the following scale(24), Table 4. 3:

Score Value

5 Much louder than preferred g
4 Louder than preferred :
3 Preferred §
2 Quieter than preferred ‘
1 Much quieter than preferred.
TABLE 4.3
" Scale 4A

The answers given by the subjects are in Table 4.4.
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ANALYSIS OF VARIANCE OF SECOND STAGE TEST

SST =ZiZ
Ssblocks
SST.adju
SSE = §S
SST = 1x
SSblocks
Ql = 18"
QS = 18--
Q7 = 24~

66—

22
5 hilg! N‘a 5
a = 16
2 b = 16
b yj _yz
= Z [ N kz 6
Jj=1 KNy
A= 2
a2
::k EE_J:_‘ = l?:
sted X a Q T Yy - x4 Fig Vi
1
7 = SSr.adjusted T SSblocks
2 2 2 31 2
(1)2412x(2)° + ....46x(5) " - 57— = 62.99
16 v§ 3192 1,2 2 2. 3192
= 1 T = —6-(]_7 +207+...+207) - ~5¢ = 19.49
%(l7+l9+20+l6+23+l9) -1
%(2o+22+2o+l6+25+20) 4.5
%(22+15+17+2o+23+25) 1.67
%(l7+19+17+2o+23+20) 0.67
-%(l9+15+22+2o+l9+22) -1,50
'%(2o+19+22+20+23+22) 5.00
' %{19+23+16+23+25+22) 2.67
' %(l7+22+15+16+22+20) 1.37




Il

%(22+22+l7+23+l6+l9)

Q9 = ]15=
0,y = 18- (20+19+19+15+17+16) = 0.33
Qll = 20— -;GL-(A17+2O+22+17+23+22) = -0.17
le = 19—> %—Q20+15+23+23+19+20) = -1.00
Ql3 = 13~ %(_19+19+22+22+23+20) = -7.83
Ql4 = 19~ %(l7+20+l9+22+l9+22+l9+25) = -1.33
Q15 = 20- %(l7+l9+15+l2+23+25) = -0.17
Q16 = 22~ %{l9+l7+l9+25+22+20) = 1.67
9
kZQi 2 2 2
a5 _ 1 6 {(1)7+(4.5)"+. .. +(1.61)"} _ 55 33
T.adjusted Aa 2X16 °
SSE = 62.99 - 28.31 - 19.49 = 15.19
Degree of Treat.
Treat: 18.32 15 1.89 8.10
Blocks: 19.49 15 1.30
Error: 15,19 65 0.24
Total: 63.00 95
F ogr 15.65 = 2 < 0.10
F oyr 15.65 = 2,33< 0.1 They are very different.-
F 0p1r18.65 = 3.57< 0.1
The treatments are different at 5%, 1% and 0.1% levels of
signficance.
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DUNCAN'S MULTIPLE RANGE TEST ‘%2)

N = 96
a
n = 16
k 6
T a = 0.13 ; Ss= v0.19x =
Aa  ox1g ' 0.24 = 0.21

The adjusted treatments, Qi’ are multiplied by the factor

Aa

k. .
— in ascending order:

Q3 < -7.83%x0.19 = =1.47
Q9 = -0.91
Q5 = -0.28
Ql4 = -0.25
Q) = -0.19
Q = -0.19
Qg = -0.03
Qll = -0.03
Qo = 0.06
Qy = 0.13
Qg = 0.25
Q = 0.31
3
QlG = 0.31
Q, = 0.50
Q, -= 0.84
Qe = 0.94
Using the table of significant ranges from Duncan's multiple
(22,26)

range test with a = 0.05 (5%) and
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%"g obtained ro‘05(2,65) through‘ro.05(16.65). With these

ro.05( ), we obtained R, through Rl6’ where
Ry = r 45(2.65)%0.21
Ry = T 45(3.651%0.21 g
R, = r 45(4.65)%0.21
Rg = I 45(5.65)%0.21
Rg = T o5 (6.65)%0.21
R, = r 5(7.651%0.21
Rg = r.05(8.65)XO.21 '
Rg = T g5(9.65)%0.21.
R o= T:gg(10.65)x0.21
Ryi= r.65(11.65)xo.21
Ry,= T g (12.65)%0.21
Ry4= T.g(13.65)%0.21
Ry 4= r_05(13.651xo.21
Ryg= ©. 5 (15.65)%0.21
Ryo= © o5 (16.65)x0.21

Then
R, = 0.6 ; Ry=0.63 ; R =0.65
Rg = 0.67 ; R = 0.68 ; Ry =0.69
Rg = 0.70 ; Rg = 0.70 ;  Ry4~ 0.71
Ry;= 0.71 i R;,=0.71 i Ry~ 0.71
Rl4= Oé72 ; R15=O.72 and Rl6=O.72.

The comparisons yielded:
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Treatment 6 # Treatment 5
Treatment 6 # Treatment 3
Treaﬁment 6 # Treatment 4
Treatment 6 # Treatment 8
Treatment 6 = Treatment 2
Treatment 6 = Treatment 7
Treatment 6 = Treatment 3
Treatment 2 = Treatment 3
Treatment 2 = Treatment 7

. Treatment 3 = Treatment 7
Treatment 16 = Treatment 12
Treatment 16 = Treatment 14
Treatment 16 = Treatment 15
Treatment 16 # Treatment 13

I

. Treatment 8 Treatment 4

I

Treatment 8 Treatment 5

i

Treatment 8 Treatment 1

it

Treatment 4 Treatment 5

Treatment 1

i

Treatment 4
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Treatment 10 # Treatment 9
Treatment 10 = Treatment 11 = Treatment 12
Treatment 10 = Treatment 15 = Treatment 17
Treatment 11 # Treatment.Q-
Treatment 11 # Treatmeanl3

. Treatment 15 # Treatment 13

: Treakment 15 # TreatmenFWB'
Treatment 14 # Trea;menp 13°




Analysing the results, it is concluded that, in general,

a telephone network with low levels of speech is preferred

with the d.a.g.c. is in use.

At low levels, the preference for the d.a.g.c. is
almost independent of the time constant, with a slight
preference is for shorter time constant; at high level the
preference is for short time constant, even though it was

not conclusive whether 100 ms or 333 ms is preferred.

At high level of speech, the mean obtained with the
d.a.g.c. in and using a time constant of 1000 ms is equal
to that without. It could be said that people prefer
some help if the level is too low; if it is in the region
of just quieter than preferred they prefer the introduction
of gain and a fairly short time constant. Fig. 4.7 gives

the results of the test.

The next stage experiment was to find out if there is
a conclusive difference or similarity between d.a.g.c. with

100 ms or 333 ms.

4.5 THIRD STAGE TEST

In this experiment, two male voices, o,8, were used;
two time constants, tl = 100 ms and t2 = 333 ms, and two
levels %1 = -38 dBV.and %2.=-44 dBV. Therefore, the design

3 ' . 7 128
was a.23 factorial de51gn(26 27 >.
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260,14
L4
3- L8216 3705
15,9 13
2 4
14
T T ¥
H L -)  Level
Fig. 4.7 .
ig YLP vs. Level
Notes: 1,5,9,13 No d.a.g.cC
2,6,10,14, d.a.g.c. in with 100 ms
3,7,11,15, d.a.g.c. in with 333 ms
9,8,12,16, d.a.g.c. in with 1000 ms
The treatments are defined as follows, Table 4.5:
Treatment Levels (2) Voices (v) Time constants(t)
1 ,Ql (04 tl (l>
2 ,Q,'l o t2 t
3 gl B tl v
4 %o B t, VXt
5 %4 o t) 2
6 22 o t2 Lxt
7 21 R tl Lxv
8 2 R t, LXVUXE

TABLE 4.5

Identification of Treatments




The randomised arrangement of them is(28'29)in Table

4.6.

o U oo W
!

1 7 6

3 5 1

6 2 8
-5 -8 3

3 8 6 -

8 2 1

4 2 5

1 3 4

I

J oo U= NN
!

VoW s s W e
|

N~ W
1

3
6
7
- 7 -
7
6
1
6

o O W N

TABLE 4.6 Randomisation of Treatments

The listeners, 8 altogether, heard 8 45-second speech
samples, which were previously processed, and recorded,
by the 32-channel P.C.M. equipment and the PDP-11 and
gave their opinion about each sample accordingly with the
opinion scalev4A(24), Table 4.3. The 8 samples were presented

accordingly with the conditions defined in the treatments

and in the order given by the randomised arrangement.

The test was carried out in a gquiet room in which
about 50 dBA of room noise was introduced. The answers

the listeners gave are in the Table 4.7.

Treatment Listeners' Scores

1 4 4 4 3 4 3 4 2 28

2 3 4 4 5 3 3 4 329 Yy
3 3 3 3 4 3 3 4 3 26

4 3 5 3 5 3 3 3 4 29

5 3 2 4 4 3 2 3 2 23

6 i 4 4 4 2 2 3 3 26

7 s 3 3 3 3 3 3 2 23

8 s 4 3 3 3 3 3 2 =24

Y g 56 29 25 31 24 22 27 21 208 =t

TABLE 4.7 Listeners answers to the test.
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Using the Yate's method

(1)

t
C

v

23
26
23

t Xv 24
c g

2
axt
Lxv

Xt

28
29
26

xy 29
c g

C

49
47
57
55

, to analyse Table 4.7.

(27)
96 208
112 8
4 4
4 O
-2 16
-2
-2 O
2 4

£ represents the time constants; v

the speech levels.

.25
.13

.13

the voices and 2

Sum of Squares Degree of Freedom Mean Sum of Squares
Total 34 63
ROW 5. 7 .7857
Column 10. 7
Error 18 49 .3677
//§E§%%EZE-= 0.1515

Using t with 49 of freedom(26'27’28).

5¢ = 2.01l6 0.1515 = 0.007

1% = 2.682 0.1515 = 0.4062

0.1% = 3.510 0.1515 = 0.5318

As expected the level is a significant factor. The

time is not significant at all.

As general conclusion,

the d.a.g.c. 1s preferred and

it is more if the level is less than -38 dBV, in relation

with the time constant, people prefer a short one (100~

333 ms) 4 a long one.
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CHAPTER 5

NOISE INTRODUCED BY THE D.A.G.C.

5.1 QUANTIZING NOISE

A device that introduces attenuation into an A-law P.C.M.
system.ﬂdegrades the signal-to-noise ratio at low levels
by about 8 dB; at middle and high levels there is no

degradation at all(6'7'l6'l7)_

As was discussed in Chapter 2, attenuation is needed

at high levels only and therefore the signal-to-noise

ratio due to circuit noise is not affected. Also,

attention. is mainly concentrated here upon the effect of

adding gain.

The guantizing noise power, nd, is calculated as

follows(7’35’36):

El(v—Ku)2{=nq (5.1)

where

E is the mean or expected value,

v is the input to the d.a.g.c.,

u is the output of the d.a.g.c.,

K is the coefficient of linear regression of v on u

and is expressed as

K = E(u.v)/E(uz) (5.2) Eﬁ




K should be 2 or 4,
introduced.

(5.1)(29,31)‘

In order to calculate Egn

(5.1),

express the P.C.M. signal in a mathematical way.

if 6 dB or 12 dB gains were

K represents the value which minimises Egn.

it is necessary to

The

P.C.M. system considered has the following characteristics(6’7’15)

(a) A/87.6/13 law,

(b) Mid-riser, that is there is a decision amplitude
at zero,

(¢) Decision Level Assignment (D.L.A.), that is the

output of the decoder corresponds to the mid-value

of the adjacent decision amplitudes.

A digital representation of the compressed signal XC

(37)

is expressed in terms of m binary digits which represent

the segment number Ls’ and n binary digits representing
the total

the guantizing step VS in each segment. Then,

. . m
number of segments, M, in one polarity 1is 2", and the total

. n
number of gquantizing steps, qg is 27.

Therefore(7),

= 5.3)
XC(LS,VS) VS+NS.LS (
where

X € (O,l,...NsM-l)

LSE (0,1,...M-1)

v, e (O,l,...NS—l)
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The digitally linearised expanded signal, y, ;g (40)
LS—n ;
y = 2 (VS+16n + 1/2)
where
{
O if L_=0
s
n 1
1 if LS#O
Using Egn (5.4), the positive outputs levels for the
8-bit, A-law are given &n Table 5.1.
Segment numbers
L 1 1 2 3 4 5 6 7
0.5 16.5 33 66 132 264 528 1056
1.5 17.5 35 70 140 280 560 1120
2.5 18.5 37 74 148 296 592 1184
3.5 19.5 39 78 156 312 624 1248
' 4.5 20.5 41 82 164 328 656 1312
5.5 21.5 43 86 172 344 688 1376
g 6.5 22.5 45 90 180 360 720 1440
2 7.5 | 23.5 | 47 94 | 188 | 376 752 | 1504
e
2 8.5 24.5 49 98 196 392 784 1568
9.5 25.5 51 102 204 408 816 1632
10.5 26.5 53 106 212 424 848 1696
11.5 27.5 55 110 220 440 880 1760
12.5 28.5 57 114 228 456 912 1824
13.5 29.5 59 118 236 472 944 1888
14.5 30.5 61 122 244 488 976 1952
15.5 31.5 63 126 252 504 1008 2016
L
TABLE 5.1
Output levels (positive only)
For calculation purposes, these values are defined
as u,, where i is in the range 1 to 128.
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The decision amplitudes corresponding to the outputs

given in the Table 5.1 are given in the Table 5.2.

Segment- numbers
LS 1 1 12 3 4 5 6 7

Vs 0 16 32 | 64 | 128 | 256 | 512 | 1024
: 1 17 34 68 136 271 544 1088
’ 2 18 36 72 144 288 576 1152
’ 3 19 38 76 152 304 608 1216
* 4 20 40 80 160 320 640 1280
> 5 21 42 84 168 366 672 1344
° 6 22 44 88 176 352 704 1408
! 7 23 46 92 184 368 736 1472
° 8 24 48 96 192 384 768 1536
’ 9 25 50 100 200 400 800 1600
o 10 26 52 104 208 416 832 1664
H 11 27 54 108 216 432 864 1728
- 12 28 56 112 224 448 896 1792
- 13 29 58 116 232 464 928 1856
H 14 30 60 120 240 4 80 960 1920
" 15 31 62 124 248 496 992 1984
L B 16 32 ca | 128 | 256 | 512 | 1024 | 2048

L ! .

TABLE 5.2

Decision levels amplitudes (positive only) |

They are named v,, where 1 ranges from 1 to 128. ;

The remaining outputs, for set values of 6 dB loss, }

6 dB gain and 12 dB gain are shown 1n the tables 5.3, 5.4 |

and 5.5. They are indexed U, i ranging from 1 to 128.
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Output levels,

TABLE 5.3

(p051t1ve only), 6 dB loss

Segmen.pumbe: f
L 1 1 2 3 4 '“ﬂws 6 7
0.5 8.5 | 16.5|33 66 | 132 | 264 528
0.5 8.5 | 17.5|35 70 | 140 | 280 560
1.5 9.5 | 18.5(37 74 | 148 | 296 592
1.5 9.5 | 19.5]|39 78 | 156 | 312 624
2.5 10.5 | 20.5(41 82 | 164 | 328 656
2.5 10.5 | 21.5/43 86 | 172 | 344 688
3.5 11.5 | 22.5/45 90 | 180 | 360 720
e 3.5 11.5 | 23.5[47 94 | 188 | 376 752
é 4.5 12.5 | 24.5]49 98 | 196 | 392 784
3 | 4.5 12.5 | 25.5/|51 102 | 204 | 408 816
5.5 13.5 | 26.553 106 | 212 | 424 848
5.5 13.5 | 27.5(55 110 | 220 | 440 880
6.5 14.5 | 28.5(57 114 | 228 | 456 912
6.5 14.5 | 29.5]59 118 | 236 | 472 944
7.5 15.5 | 30.5|61 122 | 224 | 488 976
7.5 15.5 | 31.51(63 126 | 252 | 508 |1008
TABLE 5.4
Output levels (positive only), 6 dB gain
Segment numbers
P 1 2 3 4 5 6 7
0.5 | 33 €6 1123 | 264 | 528 | 1056 | 2016
2.5 | 35 70 1140 | 280 | 560 | 1120 | 2016
4.5 | 37 74 {148 | 296 | 592 | 1184 | 2016
6.5 | 39 78 1156 | 312 | 624 | 1248 | 2016
8.5 | 41 82 l164 | 328 | 656 | 1312 | 2016
i 10.5 | 43 86 1172 | 344 | 688 | 1376 | 2016
12.5 | 45 90 1180 | 360 | 720 | 1440 | 2016
5| 14.5 | 47 94 |188 | 376 | 752 | 1504 | 2016
& 1 16.5 | 49 98 1196 | 392 | 784 | 1568 | 2016
S | 18.5 | 51 102 l204 | 408 | 816 | 1632 | 2016
20.5 | 53 106 1212 | 424 | 848 | 1696 | 2016
22.5 | 55 110 |220 | 44c | 880 | 1760 | 2016
24.5 | 57 114 |228 | 456 | 912 | 1824 | 2016
26.5 | 59 118 l236 | 472 | 944 | 1888 | 2016
28.5 | 61 122 |244 | 488 | 976 | 1952 | 2016
30.5 | 63 126 1252 | 504 |1008 | 2016 | 2016




TABLE 5.5

Output levels (positive only), 12 dB gain

T ’,. ~ip e - N
SETTNRIC IR 2 X

Lg 1 1 2 3 4 1 5 6 7
0.5 66 132 264 528 1056 | 2016 2016
6.5 70 140| 280 560 | 1120| 2016 2016
10.5 74 148| 296 592 | 1184 | 2016 2016
14.5 78 156 | 312 624 | 1248} 2016 2016
18.5 82 164 328 656 | 1312 ] 2016 2016
22.5 86 172 344 688 | 1376 | 2016 2016
26.5 90 180| 360 720 | 1440| 2016 2016
30.5 94 188| 376 756 | 1504 | 2016 2016
o 35 98 196 | 392 784 | 1568| 2016 2016
E 39 102 204 | 400 816 | 1632| 2016 2016
5 43 106 212 424 848 | 1696 | 2016 2016
47 110 220| 440 880 | 1760| 2016 2016
51 114 228| 456 912 | 1824 2016 2016
55 118 236 472 944 | 1888 2016 2016
59 122 244| 488 976 | 1952 2016 2016
63 126 252 504 1008) 2016 | 2016 2016

In order to calculate the guantijing noise power, nq,

an exponential distribution is assumed for the input:
-3 Y

p(v) = —— e ¥ (5.5)

ng may be expressed as:

vy 5 128 Vi+l )
ng = | (v-Ku,)p(v)av + L (v-Ku;) “p(v)dv
o) * i=1 vy
) K 2 5.6
+IV128(v-ku128) p (v)dv (5.6

To calculate ng corresponding to a 6 dB loss, or a
gain or O @B, 6 dB or 12 dB, it is only necessary to feed

into Egqn (5.6) the values given in‘the Tables 5.3, 5.1, 5.4
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and 5.5 in turn, respectively. The decision levels, w:

are given in Table 5.2.

In Eqn (5.6) K is needed and from Eqn (5.2) it may be

expressed:
V1 128 Vil o
ulfo vp (v) dv+ iilvi fv vp(v)dv+u128f vp (v) dv
X _ i 128
SRS 128 , Vi+l , =
uy [ p(v)adv+ iilvi jv p(v)dv+vy,g f p(v)dv
o i V128

(5.7)

For a 6 dB loss, or a gain of 0 dB, 6 dB or 12 dB, K
is calculated by feeding the values of the Tables 5.3, 5.1,

5.4 and 5.5 respectively, into Egn (5.7) . %_values are given

in Table 5.2.

The way Tables 5.1, 5.2, 5.3, 5.4 and 5.5 and the
Eqns (5.6) and (5.7) has been presented is in accord with
the Basic computer program written to calculate ng, and

later Q=S/n§, where S is input signal power and S is given

by:
2
s = [vip(v)av

Fig. 5.1 shows the S/nq ratio for the gain settings
studied. The input is given in dB below full-load sine-
wave , dBBFLS, which is the maximum level of an input

sinewave not distorted by the coder.

For a 6 dB loss, the curve shape 1S the same as

,34
Previously published(6’7’l7 -
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It can be seen that for gains of 6 dB and 12 dB, the
d.a.g.c. does not introduce much noise at low levels, the

degradation is of the order of 2 dB only.

At middle levels, the curve is as that of 6 dB loss,
put as we approach higher levels, the degradation becomes
severe, and is due to the clipping. The clipping level
has been lowered to the 6th segment for 6 dB gain and to

the 5th for 12 dB gain.

The good performance at low levels, when the signal
depends heavily on the first segment, in constrast with
the poor performance for 6 dB loss, may be explained by
the fact that when gain is introduced there is a one-to-one,
or single-valued, correspondence between the P.C.M. words
pefore and after the introduction of gain. When 6 dB loss
is introduced, the assignment is multivalued, or two-to-one,

that is for each pair of inputs there is just one output.

A different approach to explain the behaviour is as
follows:

Table 5.6 shows the decision levels for the half-first
segment and the appropriate output for O dB and 6 dB loss,

and gains of 6 dB and 12 dB. The corresponding outputs

are multiplied by the ideal gain of the channel: 1 if O dB,1/2

.. if 6 dB attenuation, 2 for 6 dB gain and 4 for 12 dB

gain.
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TABLIE 5.6
Decision levels and output level for O dB, 6 dB loss,
6 dB gain and 12 dB gain. Half-first segment’ and positive only.
Decision O dB 6dB loss 6 dB up , 12 dB up
Levels
0 !
1/2 1/2 1/2 1/2 4
l ‘5
1.5 1 1.25 1.625 T
2 o
2.5 3 2.25 2.625
3
3.5 3 3.25 3.625
4
4.5 5 4.25 4.625
5
5.5 5 5.25 5.625
6
6.5 7 6.25 6.625
7
7.5 7 7.25 7.625
8
8.5 9 8.25 8.75
9
9.5 9 9.25 9.75
10
10.5 11 10.25 10.75
11
11.5 11 11.25 11.75
12
12.5 13 12.25 12.75
13
13.5 13 13.25 13.75
14
14.5 15 14.25 14.75
15
15.5 15 15.25 15.75

Firstly, the two-to-one assignment mentioned previously i
may be observed. For O dB, the allocation of the guantised

amplitudes is the oPtimum(38) and D.L.A. is in use.

Secondly, looking at the outputs for gains of 6 dB and 12 dB

on one side and 6 dB loss on the other, the latter presents
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values which are well away from the optimum allocation;
whereas the 6 dB and 12 dB gains are 1/4 of a:» unit

below or above the optimum respectively.

A problem arising here is the output for the first
interval of the first segment. If the gain were achieved
by shifting the P.C.M. words, the natural output for this
interval would be the same output as if we had just O dB,
because for binary word s0O000000 and any shift we get
s0000000. Now, as a p.r.o.m. is being used as a look-up
table, a more appropriate output could have been chosen.
As this factor affects the idle-circuit noise, the output
given by the shifting method was chosen for the present

work to keep the noise down.

Looking at Table 5.6, it could be said that the 6 dB
loss device is, in fact, a much coarser quantiser than
those which introduce gain. Eight intervals are being

used instead of sixteen.

As the middle levels are reached, where the P.C.M.
words lie in the upper segments, there is no degradation
at all. Because the decision levels in the A-law system
are placed at exaet powers of 2 relative to each other(34),
the corresponding output will be one that already has the

s 42
optimum position(l7’39’41 ).

When the level of the signal starts to depend heavily
on the 7 th segment for a gain of 6 dB and on the 6th

segment for 12 dB gain, the clipping factor degrades the
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signal very badly. As has been pointed out, however, we

are not working in this region.

5.2 IDLE CIRCUIT NOISE

The idle circuit noise when gain is introduced is
calculated using Gaussian noise as input and calculating

just the output.

Fig. 5.2 shows the idle circuit noise for gains of
6 dB and 12 dB, as well as for O dB and 6 dB loss. As
expected, the noise present when the speech is absent will
be increased by the d.a.g.c. when introducing gain. But,
in general, the idle circuit noise in a digital connection

is very low when only one digital link is in use.

(43,44) that when there are both

It has been shown
speech-on noise and speech-off noise, a subjective effect

of both noises can be expressed as:

Me = (2/3)Noff + (1/3)ng (5.8)
where Ne is the subjective effect of both noises. In this

work it is assumed that this relationship will hold.
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5 Noff [ dBmOR | 12 dB up

-48 .

-51
; 6dB up

-5l |
-57 1 0dB

804 6 d8 down
-63 -

.66 4
09 -

78 =75 -T2 -69 -66-63-60 -57  1/P [dBm0p]

Fig. 5.2 1Idle circuit noise for 6 dB loss,
O dB and gains of 6 dB and 12 dB.
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CHAPTER 6

ASSESSMENT OF THE EFFECTS OF A D.A.G.C. ON THE

TRANSMISSION PERFORMANCE OF A NATIONAL TELEPHONE NETWORK

6.1 GENERAL

This chapter describes the assessment of the effects
on the transmission performance of a national telephone
network which uses analogue and digital transmission and
has a d.a.g.c. incorporated. The d.a.g.c. is able to
introduce gain when the speech level reaching the listener
at the digital side is both at a low level and has a poor
signal-to-noise ratio. The operation of it is restricted

to be in the analogue-to-digital direction only.

The assessment was carried out using a computer model
of a telephone connection devised in The Electrical and
Electronic Engineering Department of the University(3l’32’33)

known as Telephone Connection Assessment Model (T.C.A.M.).

6.2 BRIEF DESCRIPTION OF THE T.C.A.M.

(32) not

It is a 'mechanisitic model' which represents
only the intermal structure of a telephone connection but

also its external characteristics.

The T.C.A.M. is divided into six cascaded stages.
The model's first stage requires a description of the

Circuit elements comprising the telephone connection,
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beginning with the handsets. The program stores the
sensitivities of the transducer elements which are defined
in accordance with the CCITT recommendation P.64(3l’32).
puring this stage, and during the second, the electro-
acoustical sensitivities are combined with chain matrix

parameters describing the electrical transmission losses

by cascading.

Then stage 3 is run and , using the results from
stages 1 and 2, the loudness losses are calculated.
Stage 4 determines the noise spectra at the ear from
various sources and via various paths; and, finally,
stages 5 and 6 estimate the degree of satisfactoriness.
This is expressed by the percentage of people likely to
suffer some difficulty in conversing (expressed as D%);
and by the percentage of Excellent or Good Opinions (E+G%).

The model is thus designed to simulate a subjective test.

When all the electrical elements have been specified,
there are several other factors which have to be considered,
among them the position of the speaker which has been

(32)

chosen to be the British Model Speaking Position , room

noise, circuit noise, etc.

In a practical environment there is no control over
room noise and this is fixed throughout the assessment at
50 dBA. Circuit noise takes 1nto account electrical noise
from all sources within the telephone connection. In the

T.C.A.M., this noise, named Ne in Chapter 5, 1is referred
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to a common point taken for convenience at the electrical
input to the local telephone network and is the figure
entered into the computer. ng is constant, ng = = 70 dBmnOp
and Noff is varied from -57 dBmOp down to -78 dBmOp, at

the d.a.g.c. location. ng is altered to take account of

the 2 dB degradation due to the d.a.g.c.

6.3 TELEPHONE CONNECTION TO BE ASSESSED

The configurations of telephone connections are quite
diverse, but a possible circuit may be represented by a

basic block diagram, shown in Fig. 6.1l.

The analogue part will generally comprise of a number
of different transmission elements. Tt is assumed that
this part will be that which is degrading the signal level.
Therefore, from the point of view of loudness loss, tﬂe
digital part could be considered fairly constant if the

digital path is up to the subscribers premises.

The d.a.g.c. 1is fitted immediately after the
analogue signal has peen digitised and is in a suitable
form for digital manipulation before the signal is

transmitted.

6.3.1 British Transmission Plan

s o 45
Fig. 6.2 shows the existing British Transmission Plan( ).

The maximum loss between 1ocal exchanges 1s 19.5 dB, which

appears through LE—GSC—GSCjGSC-LEf ‘The, Los
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switching, cabling and mismatching is 1.5 dB.

The P.C.M. junction is considered to have a 3 dB loss

in accordance with the present practice, but as British

(45)

14

Telecom will adopt, in the future, 6 dB loss junction

the assessment is made with this value as well.

6.3.2 Assessment Model

The assessment is made by comparing the performance

of any telephone connection without a d.a.g.c. with a

similar telephone connection but with d.a.g.c. incorporated.

A telephone connection will be defined by giving all
its electrical components (from handset to handset) and

numerically they will be specified by loudness ratings(38’

46,47) (Sending Loudness Rating, SLR; Receiving Loudness
Rating, RLR; Overall Loudness Rating, OLR). The voltage

reaching the listener's earphone, V. (dBV), is given,

L
referred to O dB RLR; that is the level at the input, L,
of the local end. L is indicated in all connections used

later on.

During the running of the assessment, the factor which
determined whether d.a.g.c. was needed for a specific
connection was the level of the voltage at L as it was also
during the subjective tests. However, as this was a
computer simulation for the assessment, the performance
of the telephone connection with d.a.g.c. in was studied,

even when the speech level reaching the listener was well
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above the assumed minimum required. This was done to

check if people wanted some help with very quiet speech

levels rather than from just quiet levels.

For each connection, the idle circuit noise was a
parameter, it was varied from high values, although they
are rare, to low values. Each specific connection was

considered in isoclation.

Two types of cormecticu are considered:

(a) Connections in whigh the listener is connected

to a digital exchange via a two-wire analogue

local line.

(b) Connections in which the listener is connected
to a digital exchange via a digital local line
providing the equivalent for four-wire

transmission.

For each type of connection the speaker is conne cted

to an exchange in an analogue part of the national network,

as shown in Fig. 6.3.

For connection type (b), there is no problem of

stability. For connection type (a), it is necessary that

the four-wire circuit shall remain stable even when the
d.a.g.c. is inserting gain. The conditions to ensure

stability are discussed in Appendix A.

It is therefore assumed in this section that the

Circuit is stable.




6.3.2.1 Connection Number 1

This connection is shown in Fig. 6.3.

The analogue part from handset to the local exchange
(LE) is a limiting connection: the subscriber line is 5.9 km
long and 0.5 mm diameter copper wire. The telephone handset
is the British Telecom 7461. The local exchange is
connected to the primary centre (PC) through a loaded cable
junction, lcj, of 0.6 mm in diameter and a loss of 4.5 dB
at 1 kHz. The PCs have a loss of 5 dB (of which 1.5 dB

is allowed for switching, mismatching, etc.).

Foe each connection three types of d.a.g.c. are

considered

(a) the normal one: that which is expected to introduce

O dB or 6 dB or 12 dB gains;
(b) a second one: introduces O dB or 6 dB and,
(c) able to introduce O dB or 12 dB.

For each situation, the computer works out results
for gains of 0 dB, 6 dB, 9 dB and 12 dB. The purpose 1is
to see the effect of moving the threshold levels at which
the introduction of gain starts on the response of the
subjects because people preferred the introduction of gain
with very quiet levels rather than from quiet levels. The
introduction of the 9 dB gain feature is, because when

the signal is the limit between the 6 dB zone and the 12 dB
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zone, the d.a.g.c. will give on average a 9 dB gain.

The digital part is formed by a 3 dB loss system.
In the T.C.A.M., it is represented by a 3 dB loss attenuator

and a channel filter. 1In this connection, the digital side-

line is O km long.

Fig. 6.4 gives D% and E+G% as a function of the noise.

The parameters for this connection are:

SLR=10.49 dB; RLR=2.19 dB; OLR=27.87 dB; VL=~4O dBv.

It can be seen that, at high levels of noise, the
increase in (E+G%) is of the order of 10-15% for gain of
6 dB and between 11-20% for gain of 12 dB. As the level
reaching the point L, Fig. 6.4 is very low, the results
from the 0-12 dB d.a.g.c. and from the 0-6-12 dB d.a.g.c.

should be considered identical.

The degree of difficulty, D% for any of the connections
with d.a.g.c. is less than half that of the connection
without it. If the noise is negligible, the degree of
difficulty with a 0-6 dB gain d.a.g.c. is half of the
original value and with a 0-6-12 gain device, about a

Juarter.

6.3.2.2. Connection Number 2

This connection is similar to the previous one, except

that the subscriber line on the digital side will be of an
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average length of 1.6 km. The curves are Fig. 6.5. The'

parameters for this connection are:

SLR=10.49; RLR=0.79 dB; OLR=28.3 dB:

It can be seen that, at high levels of noise, the
difference in performance between an 0-6 dB gain device
and the 0-12 and 0-6-12 devices (these latter two will
give the same results because it is expected that both

will introduce 12 dB gain) is negligible.

When the noise is low, the 0-6 dB D% is twice the
D% for 0-6-12 dB device. (E+G%) for 0-6-12 dB d.a.g.c.

is 5% greater than the 0-6 dB.

6.3.2.3 Connection Number 3

This connection 1is similar to the previous one,
except that the subscriber line on the digital side will
be 5.9 km long. Fig. 6.6 shows the results. The

parameters for this connection are:
SLR=10.49 dB; RLR=3 dB; OLR=31.76 dB; VL=—45.6 dBV.

The conclusions are practically the same as for the
previous connection. (D%) is less than half if the device
is in. (E+G%) is 22% if the .noise is high and 25% if

the noise is low.

6.3.2.4 Connection Number 4

Here the subscriber handset is digital; therefore the

-G 8-
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RLR is constant for all the subscribers connected to the

(4)

digital end - The results are in Fig. 6.7. Qualitatively,
the curves as similar as the previous ones. Quantitively,
(D%) is less than half if the d.a.g.c. is in. (E+G%) is

about 10-20% greater. The parameters of this connection

are:

SLR=10.49 dB; RLR=2.62 dB; OLR=31.95 dB; VL=—44.84 dBV.

6.3.2.5 Connection Number 5

The analogue part is shortened to the average length,
1.6 km; keeping the digital side up to the subscriber. As
a consequence the level at L is higher. The results are

in Table 6.1,

It should be considered that there is a difference in
performance between an 0-12 dB gain d.a.g.c. and an 0-6-12
gain d.a.g.c., due to the fact that the latter introduces

an average gain of 9 dB.

6.3.2.6 Connection Number 6

The analogue part is O km long. Basically the results
are the same, evenithough the RLR is larger. The results

are in Table 6.2.

6.3.2.7 Connection Number 7

This connection is similar to number 4; but the P.C.M.

link is considered as a 6 dB loss. The improvement due to
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TABLE 6.1

Results of Connection Number- 5

SLR(dB) RLR(dB) OLR(dB) Vv, (dBV)
4.77 2.62 26.56 -37.7

N_gs (dBrOp) (D%) (E+G%) D.A.G.C.
~-57 15.8 66.7 ouT

7.3 82.3 IN, 6 dB

5.4 86 .4 IN, 9 dB

5.2 87 IN, 12 dB
-60 13.8 70 ouT

6.2 84.7 IN, 6 dB

4.5 88.5 IN, 9 dB

4.2 89.2 IN, 12 dB
-63 12.4 72 .6 ouT

5.1 87.2 IN, 6 dB

3.9 90 IN, 9 dB

3.5 90.9 IN, 12 dB
-66 11.3 74.5 ouT

4.5 88.5 IN, 6 dB

3.2 91.7 IN, 9 dB

2.7 92.7 IN, 12 dB
-69 10.9 75.3 OUT

4.1 89 .4 IN, 6 dB

2.7 92.8 IN, 9 dB

2.1 94.2 IN, 12 dB
-72 10.9 75.3 ouT

3.8 90.1 IN, 6 dB

2.4 93.5 IN, 9 dB

1.8 95.1 IN, 12 dB
-75 10.9 75.3 ouT

3.8 90.1 IN, 6 dB

2.4 93.5 IN, 9 dB

1.7 95.3 IN, 12 dB

s e g e

s

e
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TABLE 6.2

Results of Connection Number é

SLR(dB) RLR(dB) | OLR(dB) | v, (dBY)
4.27 2.62 28.1 -36.2

Nogs (dBmOp) (D%) (E+G%) D.A.G.C.
-57 18.3 62.8 ouUT

8.6 79.8 IN, 6 dB

6.3 84.5 IN, 9 dB

5.7 85.7 IN, 12 dB
-60 15.9 66.5 oUT

7.2 82.6 IN, 6 dB

5.2 86.9 IN, 9 dB

4.6 88.3 IN, 12 dB
-63 14.2 69.4 ouT

5.8 85.6 IN, 6 dB

4.4 88.7 IN, 9 dB

3.8 90.2 IN, 12 dB
-66 12.9 71.6 OUT

5.2 87 IN, 6 dB

3.6 90.7 IN, 9 aB

2.9 92.2 IN, 12 dB
-69 12.4 72.5 ouT

4.7 88.1 IN, 6 dB

3.1 92 IN, 9 dB

2.3 94 IN, 12 dB
-72 12.4 72.5 ouT

4.4 88.9 IN, 6 dB

2.7 92.8 IN, 9 dB

1.9 94.9 IN, 12 dB
-75 12.4 72.5 ouT

4.4 88.9 IN, 6 dB

2.7 92.8 IN, 9 dB

1.8 95.1 IN, 12 dB
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the d.a.g.c. is noted. Fig. 6.8 presents the results.

The parameters for this connection are:

SLR=10.49 dB; RLR=5.62; OLR=34.95 dB: VL=*47.8 dBv.

6.3.2.8 Connection Number 8

This connection is equivalent to that of Fig. 6.9

1 LT

__[3jsTable [ pCm and |
lhandset lc lcj |attenuator dagc. andset
analogue digifal

Fig. 6.9 Connection Number 8

The purpose of this is to gather information about
the relationship between (D%) and (E+G%) with the speech
level reaching the listener when the d.a.g.c. is installed.
The programme was run several times with different values
for the attenuation. The results are given in Fig. 6.10.
It may be observed that the improvement at high levels of
signal is small and that, if the noise level is high, the
performance is slightly worse with it than without. If
We go to low levels with the d.a.g.c. installed, the score

is always better. Actually, the performance is better from

I NE
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about -30 dBV downwards; however, it must be taken into

account that the effect of the adaptive-like nature of the
d.a.g.c. 1is not a parameter, and in the subjective

experiments people rejected it at these levels.

For this connection, the SLR and RLR are 10.49 dB
and 2.62 dB. The analogue part is a limiting connection
and the digital side is that of Connection Number 4. The
OLR varies as the attenuator of Fig. 6.9 does. The OLR

varies from 12.61 dB up to 35.51 dB.

A telephone connection with a d.a.g.c. in presents
a degree of difficulty, D%, which is less than half of
that without it. Being about half if the noise is high;
and less if theinoise is low. (E+G%) is 10-30% greater
if the device is in. The least improvement is obtained
if the level is near the guiet than preferred level and
the greatest if the level is much quieter than preferred

and low noise.
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CHAPTER 7

FURTHER WORK AND CONCLUSIONS

7.1 FURTHER WORK

One of the areas where further research may be carried
out is in the possibility of using the first utterence of
a speaker to decide if gain is needed. This is based upon
the fact that people noted the introduction of gain during
the listening tests. This is so because the sample of
speech, during an interval of T seconds, could present
a level which is outside the average level and therefore
requires less or more gain. For example, if the present
gain is 6 dB, the next stage may ask for just O dB, or
12 4B, even though in the long term the requirement is
6 dB. This adaptive-like effect could have been the cause

why people voted against the insertion of gain at guiet

levels.

Some care should be takendue to the possiblity of a
talker speaking very softly at the beginning of a
conversation which will lead to excessive gain being
inserted. However, this effect can be reduced by dealing

only with 'much guieter!’ lines rather than just quieter.
Once the device has adjusted the gain at the beginning

of the conversation, it could be used to process other

channels. This could lead to the processing of more than

30 speech channels. Attention should be paid to the
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congestion of the device which may occur.

Another solution to the problem of people's awareness
of the action of the d.a.g.c. would be the use of a
'hysteresis' d.a.g.c.; whose system characteristic (E+G%)
v.s. input voltage will be like that of Fig. 7.1l. Further
investigation will be necessary to determine the width of
the hysteresis loop, Aw. This solution is equivalent to
the overlapping of the regions of gain settings, whereas
in the solution which was adopted, there is a sharp division

around that line where the adaptive-like effect is felt.

It could be argued that this solution may give the
same results as having the gain adjusted at the beginning
of the conversation and remaining at this value during
it.. This is a subject of study; but it would be expected

that if Aw is wide enough, they would be practically the

same solution.

A further point to be looked into is the treatment

given to the room noise. During subjective tests, it
was considered fixed and out of the control of the system

designer. At the moment, it 1s being studied how the

ambient noise from one end affects the other and how this

depends on the handset shape, for instance.

The d.a.g.c. which uses three threshold levels and

one counter could be built, or simulated, and tested to

compare its behaviour with that developed for this thesis.
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A d.a.g.c. which introduces just one gain (apart from

O dB) can be tested subjectively. From the T.C.A.M.

assessments there is little difference between the
improvements using a 0,6 dB only or 0,12 dB only compared
with the performance of the 0, 6, 12 dB device. Gains
other than 6 dB or 12 dB could be selected; but attention
should be paid to the additional quantizing distortion if

the gain is not an integer power of 2(35).

7.2 CONCLUSIONS

A d.a.g.c. which uses a time-shared processing system
to control the speech level in all channels of a P.C.M.
system is possible. A simple d.a.g.c. in closed-loop
configuration is not advisable, because the device
oscillates when a sine-wave is used as input. As pure
tones are used as test signals for lining up circuits
and as carriers for data transmission, any d;a.g.c.
should operate satisfactorily for any channel which is
transmitting sinusoidal signal. Of the solutions studied
to avoid oscillation, the one adopted was the simpler to
implement, that of open-loop configuration with 1

threshold level.

The additional quantizing distortion introduced by the

d.a.g.c, is about 2 dB if 1its dealing with low levels and

the gain introduced is power of 2. At about middle levels,

there is no degradation because the device is processing

11 B




A-law P.C.M. signals. At high levels, the distortion is
greater than 10 dB; but it comes mainly from the clipping

of the signal.

The insertion of gain into a telephone analogue-digital

network gives improvement in the transmission performance

of a national telephone network which as the analogue

part producing a speech level in the output of the decoder

having both a low level and a poor signal-to-quantization

. . HoweveYr. whae ety : o
noise ratio ever.y, when listeners noticed cha

el were

The preferred time constant was between 100 ms and
333 ms. Above this value, action of the device was
rejected, possibly due to the fact that the perception
of the adaptive-like effects was intolerable. A lower
value of time constant will be impracticable because
of the inaccuracy when measuring the speech level.
Furthermore, because the telephone speech contains

pauses, a parameter taken directly from the P.C.M.

samples will change very slowly.

The degree of difficulty (D%) of a telephone

connection with a d.a.g.c. is less than half of that

without it. Being about half if the noise is high; and

less if the noise .is. low. (E+G%) 1is 10-30% greater if
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the device is in. The lowest improvement if the level
is near the quiet than preferred level; being the highest

if the level is much quieter than preferred and low noise.

In the appendix A, it is shown that the instability
is avoided in two ways, first, if the digital path is up
to the telephone handset, and therefore the side-tone
loudness rating is very high, or, second, provided that
the balance~return loss is greater than 6 dB if the P.C.M.

link is 3 dB loss, as at the present, and greater than

3 dB if the P.C.M. link is 6 dB loss, as it will be in the

(45 . ..
future ( ), 1f the digital path is not up to

“

teiephone handset.
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APPENDIX A

INSTABILITY PROBLEM
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APPENDIX A

INSTABILITY PROBLEM

When the listener is connected via a two-wire analogue

local line to digital exchange the instability problem

can be studied using Fig. A.1.

Ly o
g0 g g
= AIDL " TD/A
— 1 H [Be 346 | I H
7 Z
g
- DIAL A/D
return
Ly

&
AJ

W

g': gain introduced by the dagc

Fig. A.1 Four-wire circuit of d.a.g.c.

g, net gain of one side of the 4-wire circuit without d.a.g.c.
g' is gain introduced by the d.a.g.c. (6 dB or 12 dB).

L, = 6-g when the d.a.g.c. is out; if the d.a.g.c. is in
th,en IQ = 6-g-g', Ié = 6-g., and,

B is the balance-return loss.

There are two possibilities: the P.C.M. junction has a
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(45)

3 dB loss or a 6 dB loss.

A.l 3 dB LOSS P.C.M,

When the d.a.g.c. is working, the singing margin(48r49)

SM, is given by
B+6-g-g'+B+6~-g=8M

To avoid bad effects such as hollow sounds, singing,

etc.(8'48’49),

SM>6
therefore,

2B+2 (6-g) -g'>6

(A.1)
6—g=LA2 =L2 = 3
2B+6—-g'>6
The worst case is when g' = 12 dB, then,
2B>6+12-6

To avoid instability, therefore B>6.

As the d.a.g.c. will be in operation after the subscriber
has been connected, it is not expected that B will be O.

. (51)
In general, B should be much higher than 6 .

A.2 6 dB LOSS P.C.M.

(A.1l) becomes:
2B+12-g'>6

then, instability.is avoided if B>3.
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When the listener is connected to a digital exchange

via a digital local line, which is the equivalent to a
four-wire transmission system then there is no problem of

instability.

It is expected that the side-tone will be almost
absent(4); however, some side-tone should be added to show

that the telephone is not dead.
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PUBLICATIONS BY THE AUTHOR RELATED TO THIS WORK




Aston University

Content has been removed for copyright reasons

Aston University

Content has been removed for copyright reasons

Aston University

Content has been removed for copyright reasons




APPENDIX C

SOFTWARE FOR THE D.A.G.C. IN

OPEN-LOOP CONFIGURATION
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¥TT{=D¥1:DAGCOL . FOR

OO0 OO

200

n

20
A0

APPENDIX G .

CENTRAL PROGRAM

FROGRAM TAGCOL

DIHENSION IFECHA(S)
COMMON/LOCE/IGEy ITCR(4)

COMHMON /LGCC/IGC, ITCC(D)
COHMON/LOCDH/IGD, ITCO(4)
FROGRAMME TO SINMULATE & DIGI-
TAL AUTOHATIC GAIN CONTROL
(DAGC) IN OFEN LOOF CONFIGURA-
TION, THE FORTRAN FART WILL PUT
TOGETHER THE ACTUAL DAGC’S.
THESE ARE IM MACRO.

DATA IA/7A’/

DATA IB//R7/

IIATA IC/°C’/

DATA ID/'D/

DATA IRLANK /* 7/
IFECHA(5)=TELANK

CALL DATECIFECHA)

URITE (75200) (IFECHA(I)»I=1,5)
FORMAT (7%x% DATE! /1542 %%%’)
CALL FROH

WRITE (715)

FORMAT (¢’ WHICH SYSTEK?., A=0 D&, E=0/4/12/F DB‘/
174 C=0/12 DB OR D[=0/6/12 DB¢Y)
READ (Sy10) ISYST o
FORMAT (A1)
IF(ISYST.EQ.IA) GO TO 20
IF(ISYST,EQ.IE) GO TO 30
IFCISYSTLEQ.IC) GO TO 40
IF(ISYST.EQ.ID) GO TO SO

WRITE (7,15)
CFORHAT (’ WURONG ENTRY. TRY AGAIN, PLEASE’)
60 TG 6

HRITE (7425)

FORMAT (7 0 DB OHLY”)

CALL A

60 TO 1

URITE (7,35)

FORMAT (Y 0s6 % 12 DRy FIXED, ONLY’/
1% TYFE IN TIKE COHSTANT IH HS 7)
READ (5534) ITIMEC

" FORMAT (16)

ITCR(1)=1,743ITINEC
ITCE(2)=0, A3XITIHEC

ITCE(3)=3, 00X ITIKEC

ITCE(4)=0,03%ITIHEC

CALL B

WRITE (7,90) IGB

GO TO 1 N

FORHAT (06) .
WRITE (7745)

T L140-—
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43 FONMHL U° U & 1Z UB UNLT"/
17¢ TYFE IN TIME CONSTANT IN NS )
READN {5536) ITIHEC
ITCC(L)=L.72%XITIHEC"
ITCC(2)=8.00XITINEC
ITCC(3)=0.054%ITINEC

C

C

C
CalL ©
HRITE (7,90) IGC
60 70 1

20 WRITE (7,53)
53  FORHAT (7 0,46 % 12 DB OHLY'/
179 TYFE IN TIME CONSTANT IN HS )
- READ (3,36) ITIHEC
ITCR(1)=1.94%ITINEC
ITCI{Z)=0,48XxITIHEC
ITC0(3)=8,00XITIHEC
ITCD(4)=0,03XITINEC
caLL o
HRITE (7,90 IGD
G0 10 1
END
XTTi=0X1 12, HAC
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.6 dB STEP LOOK-UP TABLE

?XﬁtkiwiA FXREEIYEYIXINRL
PXILFART, 'OAHLF7 .JTEE HEMORY TD %
PXHAVE IT WORKING A% &4 PROH, THZ FPIP-11 %
} ' S N TAELE k4
? 24 LEXIEY
PSETT
1FIRS
PFINS
HEY hl;(RZ)T 1 FORK
INC Rl
S0k ROSLNG
KoY *ﬁ0ﬁ1407R i-4 DB THELE. FIRST 94 FIGUERES
HOV $COCC20 1L 5FIRST ADDRESE TC BE STORED

h 4
(]
2
He 4

121005 kD
Koy L (R2IE jFROM 121000 10 121275
IHC 1
SOR ROsLA
MOy 30000204RO
MOV £000140,8%1
Moy 3121300482 ,
KOV R1p(R2)4 ;FRON 121300 TD 121375
Moy B1e(R2Y+
IHC R1
0} ROsLAL
MOy $000140+R0
KOy $000220,51
MoY £121400,72
HOY Riy(RZYH FEROM 121400 70 121474
e R
SOB £0,LA2
MOV £000026, R0
KOV $000350, 71
MOy 121700472
e iay T1y(R2)
KOV K1y (R2)% sEROK 121700 TO 121774
e 51
S0B £OyLAZ
Moy L5000200 R0
KoY $122000¢R2
X0V 000000, 182)F  SFRCH 122000 TD 122034
80E ROSLG
ROV 000000 R
KOy FGO01ACRO
KOy £122045,R2
MOV ©1y (8234 EOH 122040 70 122336
INC R1
LX) ROSLGY
KoY £360520,R0
Koy 1000140461
MoV $12224C,R2 - continued...




(Y]
P

Koy
AR
SoE
KO
KoY
Hav
SOk
HOV
¥OV

Mt
Y

HOV-

INC
soe
MOV
noy
HOY
KoV
ADD
SCE
xov
HOoV
MoV
con
Ko
HOV
KoV
UL
THC
S0R
KoV
nov
HOY
MOV
AL
SOE
Hey
Kaw
HOY
KOy
ADD
€08
KOV
KoY
KOV
S0y
MOV
HOV
MoV
KOV
INC
SOR
-Hov
KOV
KOV
KoV
ALD

Ris(R2)4
$000092,K1
ROSLGD ..
£000020,R0
§122400,K2

FCOC2LO,(R2)+

ROsLG3
¥0GG140,R0
+0CGOZ005R1
$12248404R2
R1y (R2)+
R1
ROsLGA
FO00020,R0
$00034CR1
$122740:R2
Riy (R2)+
$000002,R1
ROsLGT
F0G00AG4RO
$123000,R2

£0000GGy (R2) 4

ROsLHG
$000120,R0
$000000,R1
$123100,R2
RisR2)+
R1

R0,LMG1
$000GIGHRO
£000120yR1
$122340,52
Ry (R2)4
000002 R 1
RO LHE2
$0002010,R0
$1233404R2
+500140,R1
R1I»(R23%

$0000G04,RT

ROSLEGS
$123400:R2
+000040,RO

$00G2C0, (R234

ROy LHB4
$123300,R2
$0052G0,5R1
£0001204R0
Ely(R2)+
R1
RO LHGS
$000010,R0
3$000220,R1
$123749,R2
R1s(R23%
$000002sR1

it

1 FROY

1 FROM

1 FROM

s FROM

SFRON

yFROM

i FROH

122400

—
rJ
]
b
<3
(o]

122100 Ti

123350 10 1

122740 10

continued.




LHG73

SOR
KoY

HCV -

MOV
Koy
AL
SOk
RTS
END

RO+ LHGS
$000240,RE
$00C010,R0
$123740,R2
R1,(R2)+
$#Q05004,RE
RO:LH5?7

FC

START
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SIART G

—
X
—
-a

LGS

nuv

HOU
HEV

Ko

INC

gne
HoV
Hov
Hav
HEY
THC
S0
Moy
R

Moy

HGY
el

INC

9]
12
ns)

Hov
HOV

s S
9
<

30
[0 Nl R
< R ) <&

3
)

HOV
KoY
noY
IHNC
SOk
Hay
MOV
MOt

tiwty

cOR
KOV
MOy
Hay
HOY
IHC
GOR
MY
Moy
MG
HaY
0
cor
Moy

ioy
Moy

S0E

- HOY

KoY
KoV

3 dB STEP

LOOK-UP TABLE

FUOUJIVO s RO
£009000, &1
£120000,R2
Ri:(R2)%
R1

RO, LG
20001405 R0
$000020, K1

$121000,R2

Ris (R2) ¢
R1
ROsLA

$000140,R1
$121300,R2
R1s(R2)t
Rir(R2)+
R1

fOrLAL
$000140;:R0
$000220,R1
F121400,R2
RirP(R2)+
Rl

ROsLAZ
$000020,R0
$000350,R1
$121700.12
R1:¢R2)+
R1;4(R2)4
R1

EOsLAS
$0000Z0:R9O

$12200G.R2

FOCO0C0, (R2)+

ROLLG
$000000,R1
600140, R0
$122040,K2
R1s(R2Y+
R1

ROSLGL
£006020,R0
$000140+R1
£122340,R2
R1y (R4
$000002,K1
ROSLE2 ™
$000020 R0

$122492,R2

£000200, (R2)+

RO.LGZ
$000140,R0
$000200: K1

$122440,R2

yOE PAND siupieR

FFIRST VALUT T0 BE STORED
SFIRST L0
PFORND)

y-4 I3 TARLE, FIRST 94 FIGUERES
yFIRST ADDREES T2 E£ STCRED

yFRCHM 121000 73 121276

1217060 10 121776

=
Al
(o]
X

PFROM 1220060 TO 122024

PFROY 122040 TO 122234

continued...
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LKG:

LMGI

LMG4

LMG6

*
+

[y
12

+

MOY Ry (R234
INC R1
SO 20yLG4
Koy $0060205R0
MDY $000240R1
KOy $122740R2

- KOV Rl (204
ALD $0000025R1
SOB R0, LES
KoY £000040, R0
sl £123000, 82
KOV $600000, (R2)+
SOE ROy LHD
Moy $000120,R0
KOV $020000 71
MOV $123100,R2
MOy 1, (R234
INC R1
SDE RO, LHB1
iy $000010,R0
HOV $0001208
KoV $123340,82
KOV 21y (R2)4
AL $000002,R1
SOE £0,LEG2
MOV $006010/R0
HOU $123740,R2
KOV £000140,51
KoY R1y (R2)¥
AL $006604,R1
S0 80 1LHG3
Koy $123400,82
X0y £000040:R0
KoY $000200, (R2)+
) RO, LKGA
KoV £123500,82
Koy $000200,R3
Kav £000120:RO
MOV Ry (R2)4
INC 3
SOE R0, LKGS
MOV $000010,R0
iy $000320,R1
KOV $123740,R2
MOy R1y (R4
AT £00:002,R1
SOB ROILKGS
KoY $060340,R1
MOV £000010, 50
KOy $123760,R2
MDY &1, (K204
AL £000004sR1
SOE 20, LHG7
JASECT
,=124000

{FROH 122400 T0O

$FROM 122740 TO

sFRCM 123880 TO

JFROM 123100 T

(aw ]

122774

122075

FFROM 123350 70 1223375

-

[gn]

M 123400 T0

e
Al

JFROH 123200 TP

iFRO¥ 122740 TO

FFROM 123740 T0

122476
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ORI
ur} e

[RYL)

VWHORD

L HARD
JWORD
JHORD

LHORD
HORTD
CHORD

WoRD

LHORD
JHORD
+WOR

JORD
.UDRU
JHORT
JWORT
JWORD
t UORLX

LoD
JHORD
+HORD
.HQRD

!H"
o wedindd

.#ORB
WORD
+HWORD
s WORD
JUORD
WORD
+WORE
+HORD
LJWORD
+HORD

JHORTY

JHORD
CHOERD
JHORD
JUORD
+JHORD
JUORD
JHORD
JUORD
JHORD
WORD
JHORD
JUORD

YORD
o«dx\'D
JHORD
JWORD
JHORD

11012512,13514:14515,

P A A e
1791720, 22:22,25428

IL22,32,32044,34,25,36
3753740097, 34,43,44447

D101 52:92:54,54,55,: 54

ST 0700 ED AR ES LT AT

TLy 7272972745744 75,75
7797710051080 102, {0510 7
111181, 812:0120 0840145 114
1179117510602 123512 127
131913291322 13313 idn
1371271401 PAT AT 150
151,152,152 154,155 124
1979157 180 1801815 14T : 154
14645165y 1c5, 18501874170 i71
17201725473 175,175 177
211,212,212 Sid.214 214
217217000, 223,550 v 227
231,232,232 2734,2 35
2379237240 244:245 247
251!2527252, R ERNER 254
2572 TETN R4S 247
271y272:2721 CTANET8y2T7S 2757
2771277:300, 203,305,204, 3¢7
211.211,212,313,314,214,215,314
217 4317.320: I23,325.324,22
231,222,332 3 RERPRAITREITR AT
23722373240, .343:? G933, 35
351;352,nags__3,354,355,z55,336
287,357, 340241248, 247,3460,284
TA4,3ADy I5L 355 28T 4278 173
I72,272,372,274,375,375¢ 3740377
I T T T B

010:112:3959617

13412:12513: 14414515515
17+1792C1 2122, 25:26427
T1c34532,33534, 3435, 35

37:37 041 582,83 34045547

SirS2, 8252y 54,04,05 5
57157404425 43:85086147
7197217247278, 7475575
77177 1C0,162,102:124; 104,107
111,112+ 132.113,112,314,1155 714
117,117, 120,122,124 475,104,127
1317132713_)1331134113571J‘r‘Zé
127,137, 140,142,142, 245,145,239
1511152,154, 859,157+ 150, 1415163
LAy 184187 170,172,0723: 27460177
20(720072007230:20@120J72?r7200
20@3340:2613302:2@3!255!2C67207
211,212,212,213,214, 214,255,210
217,217,220, 221,222,225, 204,227
23Ly2311232’-&31334vhu472&5!336
077,037, 241,242, 247,244, 245,047
251,252,252.253 T54,253,255:254
257325712450, 2 322, 282285 045267
271:272,272:2739274+274; 2751275
2774277,206,302,302:304,205¢ 257
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+TITLE A
«OLOEL A

IHCALL ) fUEf 1 #REGDEF

L} "J?Qi
+REGREF

AIDORCSR=167770

[ROUT=167772
ORIN=1467774
START: MOV
HOYy
YS! AL
HovV
LOCF: RIT
EEQ
MOV
RIT
BEQ
RTS
+ENDI

¥7C

+R SWAF

F000775 R0

¥120000,R3 y MO GAIN

R3HRO s SFEECH, NO DECISI
BRO, DIZDUT

#1OVOOO;DRCSR i SFEECH?

LOOF

ORINSRO i SPEECH ARRIVED
$000200,IRCER

YS

FC

START

-151-

N

o




|

m T TR M )
AV ev g D3 KDY
ol DY 1= e

o4 mw B4 eo

A

[l

- L
(4] Ll
- s g

-
[y}
2
g
+%

Wy

6 dB GAIN D.A.G.C.

Loy,

ECT

-~
ﬂ:

. -
LA B w R o 17
r—

— r-
=

-

x K

m O oy M
b g I

w

L mMmIx -

~ K
W

D) o O
=R B B T B B i o R

—_—
~le

m

CHP
BLOS
HOY
BR

M
fi

ELOS
CHP
BEQ
INC
CHe
BLOS
IHC -

-~
~
KTAN

+zHD

REGDEF

Loep-
i HOLDS
) COSFF
; COEFF
i COSFF
i COEFF

3RO
QEO:ERG”T
1006000, BRCER
LGOF
I‘:‘IH . :‘(‘:
SE1GOORG0O IRCER
CON

n3yGR

FC
¥5004G0yRO
Wi
$G0G7345R0
15

FREI(RL

<

&1
£000544RG

Y2

R2

Y5

R41R2

]

$122000,:F3

NS =
$000356:F0°

Y35

FE3IsR1

X

~1

$000244+R9

YS

k2

s

START

Cd B b D
»

~r e Lo

LT LT

- . e e

e

~-r

- e

e

-

IN FOR SIMUL -

O-LE LEUER LINIT

HO GAIN

SFEECH, KO DECISIGN
SFEECR?

SFZZCH ARRIVED
CFRINT-CUT?

KOy THEN CARRY ON
GAIN OUT

HEGATIVE SAMFLE?
NG WORD

AT -4S DB

TIHE STQNT

THRESHOLD LEVEL

NI S,

TIME COMETAMT

THRESHOLD LEVEL




JITLE C
+GLOBL

|?“:C;‘LL OEU:’Oi,l

coV2.,
 REGTEF
GC:
FC1:
PC2:
FC3:

c

DRIN=167

START:

Y53

c

O, 12 dB GAIN D.A.G.C.

REGLEF

.CSECT LoOCC

o+ ELRUW
+BLRU
+ELKUW
+ LKW

7 AGLDS GAIN FOR SIMUL
s COEFF 1
i COEFF 2
v COEFF 3

[IRCSR=167770
DROUT=1467772

774

RIS EEESPODEERPLIFREITFOSLES ISR LSS5 84
P XIT PART . STHULATICH
3 *TIC GAIN CONTRCL FCR PCH TELEFHONY INX
P X
IRRIFLTSICEAEEELISFIIOPCOOSCICEERIASL LSS ¢ ¢

MOV
HOV
Hov -
CLR
CLR
ALD

- MOV

LOOF

=

N o
)
e N
() ee
L.

WYL

BIT
REQ
MOV
BIT
BEQ
CHE -
ELOS
cHP
REQ
INC
CHF
BLOS
INC
ER
cHP
BLOS
CHP
BLOS
ER
KoY
ALD
MOV
EIT
REQ
HOY
BIT
EEQ
HOV
kTS
CHF
ELOS
cHP
BEQ
INC
CHF
BLO3
THC

OFEH-LOTF

$G007765R0
FCIsR4

~$¥120000,R3

R1

R2

RZ:RO

RO, IROUT
$10000%, IRCER
LoorP
IRIHIRO
$00040G,R0O
Wi
$0007645R0
YS

FC2sR1

[

ki
000562510
YS

R2

Y3

R4,R2
ZGO5L
FC3rR2

Gi2

NS
$123000,R3
R3,RO

-@R0O»DROUT

$100000,IRCSR
SL

DRIMRO
$000200,DRCSK
ZGOSL

R3,GC

FC

$0003445R0

YS '
FC2,R1

b

R1 :
$600262,R0

v
H

R

o u

OF

e

~ar

ey

TIGITAL AUTONAX
CONF IGURATION X
0-LR LOUER LIMIT

NO GAIN

SFEECH, NO LECISION
SFEECH?

SFEECH ARRIVED
NEGATIVE SAMFLE?

URGHG WORD
LoToqu AT 20

9]

TIKE CONSTANT

THRESHOLD LEVEL

NeDle S

0 DR

12 DE
,:;\ S j_ AT =

e TR T

SAHFLE?
NO, THEMN GO BACK

FRINT OUT?

GAIN OUT

O(A

TIKE CONSTANT "

X ;

THRESHOLD LEVEL




dB GAIN D.A.G.C.

0, 6, 12
LTITLE D
LGLOZL D -
JACHLL o oV2. . ¢ JREGDEF
V2,
REGDEF .
C (CSECT LOCD
Ghs JELRY ; HDLEDS GAIM FOR SIMUL
FOLS JELEY i COEFF 1
Sed JBLRY i COEFF 2
FL3: JELNE i COSFF 2
FL4s ELEW COEFF 4
I DRCSR=147770
ROUT=147772
DRIN=147774
AT A EPFPACSRIRIEPA LS EUIR LS00 8200984
sXIT,PART., SIXULATION OF LIZITAL Hb.oﬁn$
s¥TIC GAIN CONTROL FCR FCM TELEFRDNY  INw
I 4 OEREN~-LOCF COHTIGY=ATION X%
RS ESCIEREARIRIRECIESEEFPEEFIHS ISP PSSO 2 <
START: - HQY $0007765R0
MOV FIttyR4 i O=0B LGUER LIMIT
NG KOy $120000,R3 i HO GAIN '
NS CLR 31
CLR F2
YS4 ALD R3IRO i SFCECH, ND L€
KO 2RO, LROUT
LoOF:  BIT $100000sRCSR 3 SFEECH?
EER LOoe
MOy LEINGRS i SFESCH 4RRIVED
BIT $0054005R0 ; NEGATIVE SAHFLE?
EED WY i LROHG UCRD
BIT ¥000200,DRCSR 5 FRINT OUT?
EEQ CoN i NOy THEN CARRY CH
MOy k26N ; GAIH OUT
RTS FC
CONS CHF £0007541R0 5 LoTeLo= 4T 20
ELOS Y3
CHF FO3sR1 3 TIHE CONMSTANT
BEQ X
IHC R1
CXF $06005745 16 ; THRECHOLD LEVEL
ELOS Y5
INC R2 i NLINS,
ER YS
X3 CHF RayR2
BLOS NG ;i 0 DB
CHF FL2 K2 i SECOND PARAHETER
BLOS 54 i 6 LB
CHF PL4sR2
EL0S G12-
ER NS
G12¢ Moy $123000,R2 j 12 IR
B ER NS
Gé: HOY $1220005R3
ER NS
pbs MoV $1210060yR3
BR NS ., ;
AN CHF £000344,R0 -
©L05 Y3
CHE FOI,ERL. ; TINE CONSTANT
BEQ X .
INC R

CISION

continued.;.
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ELOS

INC
ER
VEN

F0001761 RO i THRES
YS '

R2

YS
START

0Ll LEVEL
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APPENDIX D

INTERFACE CIRCUIT
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uawdnba
"WJd wady

LIN3YII IIV4H3IN]

- 1-ddd o
80 Eh |
]
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o WKe
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04
08
121
211
164

166

APPENDIX D

NOTES TO THE INTERFACE CIRCUIT:(52)

Inverter I.C.
AND Gate I.C.
Monostable multivibrator.

Dual monostable multivibrator.

8-bit parallel output serial shift register.

8-bit shift register.
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APPENDIX E
LIST OF SYMBOLS

180




x/X

Tr

TL
TL1
TL2

TL3

Mo
Nv
Nv(nT)
Ll
L2

Sn

Xd

p(nT)

APPENDIX E

LIST OF SYMBOLS
parameter of the A-law, its inverse, 1/A separates
the line or companding from the logarithmic.
input value-to-limiting value ratio.
output value-to-limiting value ratio.
probability cumulative exponential distribution.
instantaneous speech voltage/R.M.S. level.
time constant.
real time constant.
threshold level.
threshold level 1.
threshold level 2.
threshold level 3.
weight i (i=1,2 or 3).
mid-value.
new value.
new value during nT
limit 1.
limit 2.
number of samples in time constant T.
digital representation of an analogue sample V.
amplitude of an analogue sample.
gain.
digital number representing KV.

number of bits of the device used in closed-loop
configuration.

percentage of time the signal is above a threshold
level during period nT.
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Kp (nT)

Ko(nT)

¢

p2,p3

Kp(nT)g

Kp (nT) a

setting value which depends on p(nT).

real setting value during period nT.

R.M.S. output level.

width between the limits of the zone of the d.a.g.c.

percentages which define a reference talker.
probability of reaching TL.

Kp(nT) correspondent to gain.

Kp(nT) correspondent to loss.

sinewave amplitude.

angle at which a sinewave starts to be above a
threshold level, during period nT.

period for determining the presence of a sinewave.

number of samples above T.

control bits.

quantization error power.

mean oOr expected value.

input to the d.a.g.c.

output of the d.a.g.c.

compressed signal.

guantizing step.

total number of segments.

number of digits to represent segment number.
number of digits to represent quantizing step.
signal-to-noise ratio.

segment number.

total number of quantizing steps.

probability density exponential distribution.
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off
Ne

12,1'2

SM

input signal power.

speech-off
subjective

percentage
difficulty

percentage

noise power.
effect of Noff and na noises.

of people likely to experie¢wnce some
in conversing.

of people likely to give opinion Good

or Excellent.

level at listener ears.

sending loudness rating.

receiving loudness rating.

overall loudness rating.

hysteresis

loop width.

balance-return loss.

attenuation between 2 wire lines.

singing margins.

net gain of a 4-wire connection, without d.a.g.c

gain introduced by the d.a.g.c.
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