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TRANSMISSION RATING SYSTEM
GENERAL DESCRIPTIVE INFORMATION

1.0 INTRODUCTION

In most of our transmission work we are dealing with electrical measurements or computations. But the
trouble is that electrical quantities alone will not tell us how well people can talk over the telephone, because
people talk and hear acoustically — not electrically. And, for this reason, before we can tell anything about talk-
ing we must have some method of evaluating and measuring the effectiveness with which telephones convert
from acoustical quantities to electrical quantities and vice versa.

And this is what any transmission rating system should do.

Because the physical and electrical things which the telephone does are so closely tied in with the rea'cj;ipns
of people, and because the units and methods of measurement are usually different in acoustics and electricity,
the rating system problem is inherently complex.

Let’s look at just a few of these problems:
1. What basis will we use to tell how good a connection is?

2. How will we express the results of whatever method we select—
should we use the db scale?

3. How will we take into account such things as sidetone, noise
or echo?

We can easily see that there are many and varied possible ways of
setting up a rating system-—and all of them have pitfalls. For example:

If we use articulation as the sole criterion, we could pursue it to
the point where such things as frequency response and freedom
from distortion become so important in our minds that we tend
to forget that in order to understand something we must at least
hear it.

On the other hand, if we use volume as the sole criterion, we may pursue that path to the point where we
may tend to forget that regardless of how loud the sound is, we cannot understand anything unless a suffi-
ciently wide band of frequencies reaches our ear and the sounds are not too badly distorted.

The Bell System has tried several of these, and just for back-
ground let’s review some of the steps we have gone through.

1. Back in the old days loudness was the criterion. We
had so much electrical loss in our circuits that we got
all we could out of the transmitters and receivers by
taking advantage of the mechanical resonance of the
transmitter and receiver diaphragms. Those old
instruments were very good at about 1000 cycles but
not nearly as good at other frequencies. As a result
they did not give a faithful reproduction of the human
voice. The surprising thing is that the human ear
clamped up against the receiver, plus the human brain,
did a pretty good job of supplying the missing frequen-
cies and interpreting the distorted sounds.

2. Then we decided to go to “effective transmission.” In
this system all of the possible factors—Iloudness,
bandwidth, sidetone, distortion, noise and so forth—were included in one set of db’s, and telephones and
connections were rated as so many db poorer or better than a so-called reference system.

But, there were several difficulties with this way of doing things.

First, this system failed to provide any objective method of measuring the effective loss of a telephone
connection; that is, by meters or other physical means.
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SECTION 970-010-100

The telephones used in the reference system soon became obsolete. In time most of the telephones
under test outperformed those of the reference system and therefore the effective loss of most sets
turned out to be negative. Even the over-all loss of many connections is a negative figure. This is
confusing to many people.

Except for a few transmission people most telephone men did not understand the reference system and
there was no tie between the figures and their own experience.

3. Now we are back primarily on"a loudness basis again, but, we think, ou a far sounder basis than before.

One reason why the basis is sounder is that our telephones have more uniformly flat frequency charac-
teristics, and the sidetone and distortion are controlled more uniformly. Therefore, we don’t have to
worry about differences in these factors so much. And, in those cases where the differences are impor-
tant, we can take account of impairments that exist due to noise, excessive sidetone, distortion, and so
forth, by corrections.

It is this new system that is the subject of this practice.

But let’s remember that no rating system can be ‘perfect because no rating system can completely repre-
sent human reactions.

The problem, therefore, is to find that rating system which approaches the ideal as closely as practicable,
and still remains simple and understandable.

2.0 FACTORS AFFECTING TRANSMISSION

A good rating system should take into account the most important factors that affect how well we can
hear and be heard, and understand and be understood.
The factors that control transmission fall into two general categories:

1. Those that we, the people who are responsible
for transmission, cannot control.

2. Those that we can control.

Into the first category falls such things as:
How loudly the talker speaks.

How the talker holds the transmitter with
respect to his lips.

The noise conditions at the listener’s telephone
location.

How good the listener’s hearing is and how he
reacts to different volumes.

| WHERE HE
HoLDS THE
HanoseY /

How the listener holds the receiver with respect
to his ear.
The fact that we cannot control these things does not mean that we can forget them.

It is up to us to make transmission so good that these factors do not have too much effect on how well our
customers can hear and be heard, and understand and be understood.

In this sense these factors that we cannot control are important to us.

Now let’s go to the factors that we can control.

Probably the most important factor affecting transmission is volume; our customers cannot understand one
another if the output isn’t loud enough. For the purpose of our rating system we will say that volume means
loudness.

Frequency distortion is another factor.

Average speech is made up of a wide band of frequencies from about 100 cycles per second on up. For pur-
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1SS 1, SECTION 970-010-100

poses of transmission on message circuits we are interested in a band of frequencies from about 200 cps to
3000 or 4000 cps. If we can transmit this band of frequencies as the talker utters them, the output will be a
satisfactory reproduction of the speech input for telephone purposes.

However, if some of these frequencies are not transmitted at all or if some are .redu'ced in volume more
than others, the output will not sound the same as the input, and we have frequency distortion., Frequency distor-
tion can be so bad that the output is hard to understand.

For example, nonloaded cable will introduce frequency distortion because the loss of nonloaded cable
increases with frequency. If a band of frequencies from 200 c¢ps to 3000 cps, and all at the same level, is intro-
duced at the input of a circuit and sent over 10 miles
of nonloaded cable, the level of the higher frequencies
at the receiving end will be much below the level of
the lower frequencies.

If the frequency distortion is bad enough, what
you hear at the output will be hard to understand.

Another factor which might give us trouble is sidetone,
Sidetone, like the other factors we have mentioned, is
a major subject itself.

But for what we are talking about, it is sufficient
that we know that sidetone is the sound that
reaches our own receiver from our own trans-
mitter.

Too much sidetone will give us trouble while we are
talking and may give us trouble while listening.

Too much sidetone while talking, will cause us to unconsciously lower our voice, which is just as bad as
adding more loss to the connection.

If we have too much sidetone and we happen to be in a noisy location, our transmitter will pick up the
room noise and we will hear it in our own receiver at such a level that it will be difficult to hear the distant
talker. In other words, the noise will mask the incoming speech.

Sidetone in modern telephone sets has been lowered to the point where it is pretty satisfactory. If it were

to be reduced a lot further, and there were no line noise, the telephone would sound so dead that the sub-
scriber might think it was out of order.

Noise is the final factor we will mention. Noise as it applies to transmission falls into two classes, room
noise and line noise. We have already discussed room noise a little but there is one thing we should add. Room
noise interferes not only as sidetone, but also as leakage around the receiver cap. Line noise covers such things
as power hum, crosstalk, internal noise and contact noise. Both room noise and line noise tend to mask the
desired signal, and, therefore, affect transmission.

3.0 LOUDNESS RATING SYSTEM

We have said that loudness or volume is perhaps the most
important factor affecting transmission.

A

SIMPLE,
PRACTICAL
EVALUATION of
TRANSMISSION

So we are going to base our rating system fundamen-
tally on loudness.

The rating which we obtain on this basis will be
called the loudness loss.

On the average the other factors that affect transmission
have been improved to a point where further improvement

will not have significant effect on our ability to hear and
be heard and understand and be understood.

For most of cur present-day telephone sets sidetone
is reasonably satisfactory.
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Most of our sets and circuits do a good job of transmitting the band of frequencies we are interested in.

With present equipment and instruments, noise is becoming less of a problem.

This is true on the average. There will, however, be cases when we cannot ignore these factors and they will be
of such magnitude that we will have to take a penalty for them. These penalties will be added to the loudness
loss to obtain a rating which will be called the subjective loss. The loudness loss will be used as a working
measure of field performance and the subjective loss will be used in special cases, such as for design of special
service lines.

Loudness is then the major variable that we have to worry about on most calls and is the logical base for the
rating system.

Actually we are going to use pressure measurements obtained from simple objective meter readings as an
indication of loudness.

To be exact, true loudness is not related in a simple manner to pressure since loudness is actually a subjective
rating. In other words, if we use pressure measurements to obtain the ratings of two circuits we will not get a
difference between the results that is exactly the same as we would get if we asked a human listener to judge
the difference between the two connections.

However — and here we are sacrificing exactness for simplicity — for the purpose of our rating system we
can use pressure measurements and they will give us a good approximation of true loudness differences.

The device we use to measure these pressures, modifies the signal through a frequency shaping network so that
the indications are related to the loudness that would be heard by a human ear. We will discuss this device in
more detail later.

Our rating system, then, is in terms of the ratio of acoustic pressure at the listener’s ear to the acoustic pressure
at the talker’s lips.

When the output pressure from the receiver is less than the pressure at the talker’s lips we have a loss.
When it is greater we have a negative loss, or in other words, a gain. When they are equal the rating is zero.

However, this does not mean that the loudness of the sound in the receiver is the same as the loudness at the
talker’s lips, even though both of the pressure measurements are made with the same loudness weighting. This
is because the relation between loudness and pressure is different depending on whether the sounds are heard
with one ear from a confined source such as a telephone receiver, or with two ears from an open source such
as a talker’s lips.

It does mean this, however:

If the same talker spoke alternately through two different telephone connections, the difference in pressure
measurements (loudness-weighted) at the two receivers is approximately the same as the amount of elec-
trical attenuation which, on the average, human listeners would insert in the louder of the two connections
in order to make the two sound equally loud.

The measurements we use are in terms of acoustic pressure. The unit used to express pressure is the bar which is
equal to 10° dynes per square centimeter. For convenience, since the bar is rather a large unit (about equivalent
to atmospheric pressure), acoustic pressure may be expressed in millibars (bar 103). We will use millibars in
our formulas because it gives us the results we want as far as magnitude is concerned.

The fact that we make our pressure measurements with meters, opens the door to the possibility of obtaining

readings in the field as well as in the laboratory. This would permit our new system to be used for maintenance
work as well as for design work.

The new rating system will enable us to obtain the ratings of the component parts of a connection as well as the
over-all. And we will be able to add up these component ratings to obtain the over-all rating,
We have used acoustic pressure rather than acoustic power for two reasons.

First, acoustic power is very difficult to measure while acoustic pressure is relatively easy to measure.

Second, the human ear seems to be a pressure-sensitive rather than a power-absorbing device. In the same
way we may say that a vacuum tube is voltage-operated rather than power-cperated.
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ISS 1, SECTION 970-010-100

4.0 OVER-ALL RATING

Now that we have a pretty good idea of what the rating system is, let’s see how we use it to obtain the rating of an
over-all connection. '

TELEPHONE LINE

Fic. 1

In Fig. 1 we will call the output pressure in millibars at the ear of the listener S;, and the input pressure in milli-
bars at the lips of the talker S;. Keeping in mind that the rating is dependent upon the ratio of the output to
the input, we can say that the rating of the over-all connection is a function of the ratio S;/Sr.

When S; is equal to Sy we have what we call the “unity pressure ratio” condition, thus:

"Output

— 1 — unity pressure ratio
Input yp

If S,, is less than Sy we have a loss, and if Sy, is greater than Sy we have a gain.

Up to now we haven’t mentioned the unit that we are going to use in expressing our gains and losses — let’s
discuss that a little.

We have come to use the db as a measure of transmission, and that is the unit we want to use here. The db is
simply an expression of a ratio put into logarithmic form so that we can add and subtract db’s rather than mul-
tiply and divide ratios.

By this mieans we can measure each of the parts in an over-all connection in db and add them together to come
out with an over-all answer in db.

So, we will express our over-all pressure ratios in db because they are dependent upon the electrical losses in the
circuits which are measured in db.

We can say that a given pressure ratio is so many db greater or less than unity ratio.

So getting back to our over-all rating, the over-all loss, Ry, is:

S

Ro = —201log; o~ db (1)
St

Although we are going to call the number we get by this formula db, we know that it isn’t really a db because it

doesn’t represent a log of a power ratio. However, a db table, based on current or voltage ratios, will give us the

correct numerical values and serves our purpose. For this reason only we call the unit db.

Later in this discusison we will use ratios of acoustic pressure to electrical pressure and we will treat db’s
in a similarly cavalier manner.

We will say no more about this. We hope that those of you who want to keep the db pure and undefiled are
satisfied. The rest of you can forget the whole discussion and go ahead and use a db table based on current
or voltage; we can assure you that you won’t get into any trouble by doing so.

The talking pressure Sy is measured under free field conditions. The free field condition means that the telephone
transmitter is removed from in front of the sound source while the pressure measurement is made. A condenser
microphone and a calibrated indicating meter are usually used to measure the acoustic pressure.
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SECTION 970-010-100

After the measurement of St has been made, the transmitter is replaced in the modal position* with respect
to the sound source. Then the output pressure, Sy, is measured with the receiver coupled to a calibrated con-
denser microphone by a 6 cubic centimeter coupler which simulates the human ear cavity. The setup for measur-
ing Sy is shown in Fig. 2.

KNOWN
ACOUSTIC TRANSMITTER  RECEIVER SL CONDENSER MICROPHONE
PRESSURE(S1) /

CONNECTING INDICATING
CIRCUIT METER

SOUND :}4,
SOURCE N
|\
|
[

6CC COUPLER

TRANSMITTER
INMODAL
POSITION
Fic. 2

5.0 COMPONENT RATINGS

We have discussed the over-all connection, but actually a
connection consists of numerous things which must, in many
cases, be considered individually.

For example:

There is always a loop from each telephone to the
central office.

The central offices are interconnected by a trunk.
There is equipment in the central office.
So, in order to have our rating system usable, we must be
able to know the loss or gain of each of these things so that

we can add them up (in db) to get the over-all loss, and we
can break the connection down into three things:

1. The electrical losses or gains of the trunks, the equipment and the loops.
2. The gain or loss of the transmitting telephone set.

3. The gain or loss of the receiving telephone set,

This new rating system does not make any changes in the way we handle electrical losses or gains; i.e, we will
continue to handle the losses or gains of trunks and equipment by purely electrical measurements.

But in handling the transmitting and receiving gains or losses of the telephones, we have to work between
acoustic and electrical phenomena and we must select methods and quantities which give us answers in terms
which can be added to the answers for the strictly electrical parts to give us the right over-all answer, that is:

Transmitting gain or loss
- electrical gain or loss
-+ receiving gain or loss

Must equal over-all gain or loss.

* The modal position is the same distance and position with respect to the sound source as a transmitter would
be when correctly used by a talker whose facial measurements are the average of those of a large number
of telephone users.
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And in addition, it is desirable (but not essential) that the quantities which express transmitting gain or loss
reflect the fact that the transmitter is an amplifyirg device, i.e, it should indicate a gain.

In reverse fashion, it is desirable (but not essential) that the receiving efficiencies should indicate a loss —
at least for current types of receivers, which are not amplifying devices.

We have already selected millibars for acoustic pressures and if we use volts across 900 ohms for electrical
pressures, we come out about right on both counts; i.e, the losses or gains of the parts add up right and the
quantities accord reasonably well with known facts.

There is one other thing that we should mention before we get into the details of each of the component ratings.
In our discussion of the component ratings we will be dealing with voice voltages. We will use Vg to represent
the output voltage at the terminals of the set, and Vi, the output at the terminals of the loop in the transmitting
portion of a connection, and Vy as a measure of the input to the receiving portion. We want to be sure that you

understand that these are ac voltages developed by the signal currents and do not refer to the direct currents in
the transmitting and receiving sets,

Now we are going on to discuss how we obtain most of the losses and ratings shown in Table 1.

(A) Transmitting Set Rating
We have already expressed the over-all rating, Ry, as:
R0:—20 logmidb (1)
St
where:

S, = output pressure at the ear of the listener in millibars.

S = input pressure at the lips of the talker in millibars.

We define the transmitting set rating in terms of this same input pressure Sy and the output expressed as the
voltage Vrg across a 900-ohm pure resistance load at the output of the transmitting set.

The transmitting set rating, Ry, in db is then:

Rr = —20log;, ‘éTS db (with dc line current of 100 ma) (2)
T
where:

Vs = the voltage across a 900-ohm pure resistance load at the terminals of the set expressed in volts (with
dc line current of 100 ma).

St = acoustic pressure at the lips of the talker expressed in millibars.

For example:

Suppose we measure St and obtain a value of .0158 millibars. This can also be expressed as 15.8 microbars
or 15.8 dynes per square centimeter.

And we measure Vrg, with a dc line current of 100 ma, and obtain a value of .448 volts. This can also be
expressed as 448 millivolts.

Just remember that if you use millibars for Sy, you must use volts for Vi, and if you use microbars for Sy, ,
you must use millivolts for V.

Then, the transmission set rating, Ry, will be:

RT = —20 10g10 VTS
Sy

448
.01582
= —20log;, 28.2
= —20 X 145

Ry = -—-29.0db

= —201log1o
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The transmitting efficiencies of commercial telephone sets
vary with the amount of direct current which flows through
the transmitter. Because of this, some value of line current
must be selected as a standard at which the transmitting
set rating is ordinarily specified. Variations in transmitting
set ratings with variations of transmitter current from this
standard are known as current-supply losses or gains. (We
will talk more about current-supply losses and gains later.)
A current of 100 ma has been chosen arbitrarily as the
standard appropriate for 300- and 500-type sets now in use.

TRANSMITTER ,
HIGHER EFFICIENCY

It may be necessary to select other standards appropriate
to future types of sets.

The condition for measuring the transmitting set rating in
the laboratories is shown in Fig. 3.

TRANSMITTING
TELEPHONE SET

St D_ TO BE RATED %0003 VTS

(1{OOMA LINE CURRENT)

Fic. 3

Again, the measurement of Sy is made under free field conditions. Vps is measured with the transmitter in the
modal position with respect to the sound source.

For the moment we won’t worry about why we selected the 900-ohm termination — we will discuss it in more
detail later.

Because the transmitter unit actually introduces energy in transforming the acoustic signal into an electric signal,
we have selected units of measurement which will give a negative numerical value to the transmitting set rating,.
Thus, we have a negative loss, or, in other words, a gain.

(B) Transmitting Loop Loss

The transmitting loop loss is obtained in a manner similar to that used in obtaining the transmitting set rating.

That is, we measure the input pressure, Sy, the same way we did in rating the set and measure the output
across a 900-ohm resistance at the output terminals of the loop rather than at the output terminals of the set.

The transmitting loop loss is the loss of the entire transmitting loop from the acoustic input of the trans-
mitting telephone set to the central office.

This is shown in Fig. 4.

- TRANSMITTING LOOP B —

’—; SUBSCRIBER LINE —

St D TRANSMITTING

TELEPHONE 300 N
SET VTL

FiG. 4
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We can express the transmitting loop loss, Ly, in terms of db as:

Lr=—20 1og10VT"db 3)
St
where:

V1, — the voltage across a 900-ohm pure resistance load at the central office end of the loop expressed in
volts.

St = the acoustic pressure at the lips of the talker expressed in millibars.

Any ratio \;L will be so many db with respect to unity ratio where Vi, is numerically equal to Sy.
T

The measurement of Sy 18 made under free field conditions. V¢, is measured with the transmitter in the modal
position with respect to the sound source.

(C) Transmitting Conversion Loss

The transmitting conversion loss is actually the same as the transmitting set rating except that the conversion
loss i1s measured at any value of line current other than 100 ma.

The transmitting conversion loss, Cr, in db is then:

Vs db (at operating line current) )
Sy

CT = —20 logm
where:

Vs = the voltage across a 900-ohm pure resistance load at the terminal of the set in volts (at operating line
current).

St = acoustic pressure at the lips of the talker in millibars.

(D) Transmitting Current Supply Loss

The difference between the transmitting conversion loss and the transmitting set rating is actually the effect of
varying the line current from 100 ma to some other amount. This is called the transmitting current supply loss.

Current Supply Loss = Conversion Loss — Set Rating

If the operating line current happens to be 100 ma the transmitting conversion loss will be equal to the trans-
mitting set rating and there will be no transmitting current supply loss.

For line currents less than 100 ma the transmitter in most sets does not do as good a job and the sign of the
transmitting current supply loss is positive, mdxcatmg a loss. For line currents greater than 100 ma the trans-
mitter in most sets does a better job and the sign of the current supply loss is negative, indicating a gain.

(E) Transmitting Subscriber Line Loss

The only loss or rating involved in the transmlttmg portion of an over-all connection that we have not discussed,
is the subscriber line loss. The subscriber line loss is the insertion loss of the subscriber line between 900 ohms
and the 1mpedance of the transmitting set and is the difference between the transmitting loop loss and the trans-
mitting conversion loss.

Subscriber Line Loss =— Loop Loss — Conversion Loss

We have covered the losses in the transmitting portion, now let’s see how we obtain the losses in the receiving
portion of the connection.

(F) Receiving Set Rating

The receiving set rating is fixed by the ratio between the acoustic pressure in millibars delivered by the receiver
to the ear of the listener, and the source voltage, ~§v—v, which energizes the set as a load. Vy is the open circuit

voltage of the 900-ohm source.
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We can express the receiving set rating, Ry, in db as:

Ry = —20 logyo 3—1‘: db (at 100 ma line current) (5)
2

where:
Sis = output pressure in millibars at the ear of the listener.
Vw = open circuit voltage across a 900-ohm source which energizes the set as a load (with dc line current
of 100 ma).
For example:
If we measure S;g, with a dc line current of 100 ma, and obtain a value of .00141 millibars, and measure
Vw/2 and obtain a value of .0282 volts, then the receiving set rating, Ry, will be:

.00141

S
Ry — —20 logig w2 — —20 logio 0282

V\V/ 2

1
= —20 10g10 ﬁ

When we invert the quantity 21—0 to 20, we change the sign to plus and we have:

Ry, = +20 logio 20 =20 X 1.3
—26.0 db

The principle of measuring the receiving set rating is shown in Fig. 5. The actual apparatus used in the labora-
tory for this purpose will be discussed later.

900N
OSCILLATOR
RECEIVING
TELEPHONE SET

TO BE RATED _Q] — 5,
S

OOMA LINE

CURRENT

FiG. 5

With the switch in the upper position we can measure one-half the open circuit voltage and with the switch in
the lower position we can measure Sy.

Again we have specified the 100 ma value of dc line current because if we are to compare sets we must compare
them under similar conditions.

The numerical value of the receiving set rating should be positive to reflect the loss of energy in the receiver
unit. The units of measurement — the volt and the millibar — that we have selected do give us positive values
for the receiving set rating. This will be true in all cases unless amplification is introduced in the circuit. But the
important thing is that the method of rating will not change — we will obtain our rating in terms of a ratio of
output to input.

You are probably wondering how we arrived at one-half the open circuit voltage of the source by measuring

across a 900-ohm load, let’s discuss it a little. The condition for measuring the open circuit voltage in Fig. 5 is
equivalent to the circuit shown in Fig, 6A.
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FiG. 6

If we terminate this source in a 900-ohm load, the voltage across the load, Vi, will be equal to one-half the
voltage E. In Fig. 6B no current flows and there is no voltage drop across the 900-ohm resistor. The open circuit
voltage, Vy, is then equal to E and is twice the voltage measured across the 900-chm load in Fig. 6A.

The value that we measure across the 900-ohm load Vw/2, is then the voltage impressed on the load under ideal
conditions; that is, when the impedance of the source and the impedance of the load are matched in phase as
well as in magnitude. Actually, the impedance of the receiving set and the receiving loop (we will discuss the
receiving loop next) is often not 900 ohms. Therefore, we must make an allowance for the mismatch between
the source and the load. By using the voltage which would be impressed under ideal conditions, and measuring
Sy, under actual conditions, we have made an allowance for this mismatch.

(G) Receiving Loop Loss

The receiving loop loss includes the loss of the entire receiving loop from the central office out to, and including,
the acoustic output of the receiving telephone set.

The receiving loop loss is obtained by nearly the same method used to get the receiving set rating,

v . . ..
We use the same source voltage,—QE, but we connect it to the entire receiving loop. A new value of output

pressure, Sy, is then measured.
We can express the receiving loop loss, Ly, in db as:
Ly = —20log;, %idb (6)
W

2
where:

Vw — open circuit voltage of a 900-ohm source at the central office end of the receiving loop, in volts.

Sip1, = output pressure expressed in millibars.

Vw

Fig. 7 shows, in principle, the measurement of

9000 Vw
3 ;

900N RECEIVING LOOP
OSCILLATOR 7
Nl > RECEIVING S
N TELEPHONE —= 3
S o | SET

I—SUBSCRIBER-’
LINE

Fic. 7
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In Fig. 7 with the switch in the upper position we can measure %vg’ and with the switch in the lower position

we can measure Syj.

(H) Receiving Conversion Loss

The receiving conversion loss is the same as the receiving set rating except that the line measurernents of input
and output are made with operating line currents instead of with a preselected value of line current.

The receiving conversion loss, C;, in db is then:

>SLS
CL— —20 log; Vi db (at operating line current) @)
2

where:
Sps = acoustic pressure at the ear of the listener in millibars.

Vw = open circuit voltage across a 900-ohm source which energizes the set as a load (at operating line
current).

We want the numerical values of the receiving conversion loss to be positive to reflect the loss of the receiver
unit. This is achieved by our choice of units, as mentioned before,

(1) Receiving Current Supply Loss

The difference between the receiving set rating and the receiving conversion loss is the receiving current supply
loss.

Current Supply Loss — Conversion Loss — Set Rating.

On sets with current controlled equalizers, for line currents less than 100 ma the sign of the loss is usually nega-
tive indicating a gain because the receiving set is more efficient on long loops. For currents greater than 100 ma
the sign of the loss is usually positive indicating a loss.

For telephone sets without equalizers there is no receiving current supply loss and the receiving conversion loss
is the same as the receiving set rating.

(J) Receiving Subscriber Line Loss
The receiving subscriber line loss is the difference between the receiving loop loss and the receiving conversion
loss.

Subscriber Line Loss — Loop Loss — Conversion Loss

(K) Line Loss and Connecting Circuit Loss

We are not going into any detail on these two losses since we will continue to use purely electrical measurements
which do not involve acoustic quantities to obtain these values. However, from Table 1 we can see that, if need
be, we can obtain these losses from the losses and ratings that we have defined above.

The line loss is the over-all rating minus the sum of the transmitting and receiving conversion losses.

The connecting circuit loss is the over-all loss minus the sum of the transmitting and receiving loop losses.
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Trese We MEASURE

(L) Summary of Component Losses
We can measure the following losses by means of electro-
acoustic methods, the principles of which we have discussed.
1. Telephone set ratings,
2. Conversion losses,
3. Loop losses,

4. Over-all loss.

THese We CALCULATE

TRANS CONV.LOSS~23.0  Jx_
TRANS S5T RATING-29.0 +

From these we can obtain the following:
TRANS. Quprent Loss-€:0
Rlaiakilh 20

32 1. Current supply losses,
S

2. Subscriber line losses,

2.5
= ~10¢ p Let% 360
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Xy, )0 Qe /T-‘
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3. Connecting circuit loss,

4. Line loss.

.

v

=TTy

6.0 900-OHM VALUE

Before we go into an example showing the numerical values that we will probably encounter, let us very briefly
discuss the 900-ohm value that we have used in defining the transmitting set and receiving set ratings.

The majority of all actual telephone connections involves two loops connected to each other by some form or
combination of trunks. The inclusion of trunks in the connection increases the two loop losses by the attenuation,
reflection and interaction losses associated with the trunks. While there is considerable variation in the impedances
of facilities making up loops and trunks, the resulting reflection and interaction losses can be minjmized, and
in many cases may be neglected altogether, by a choice of a compromise impedance for the rating definitions,
which is reasonably representative of the entire distribution of loop and trunk impedances. These are the consid-
erations that dictated the choice of the 900-ohm value.

7.0 TYPICAL EXAMPLE

Now let us take a typical telephone connection as shown in Fig. 8 and see what numerical values we get.

OFFICE A OFFICE B
TRANSMITTING SET CROSS BAR RECEIVING SET
SETTYPE 302 48V EXCH TYPE\IZ’)OZ
TRANSMITTING 900 Nn RECEIVING
LOOP DISTORTIONLESS LooP
12,000-26 GA. TRUNK 12,000- 26 GA

LINE CURRENT-31 MA . LINE CURRENT - 31MA
!
|
|

|
CONNECTING CIRCUIT v'1|_ RECEIVING

' LOSS -

—__ TRANSMITTING
LOOP LOSS

LOOP LOSS
Fi1G. 8
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The numerical values that we use in this example are from preliminary measurements and should be con-
sidered as only approximate values. They are shown here only to give you some idea of the magnitude

of the losses or ratings.

First of all let us look at the values that we can obtain directly from voltage and acoustic pressure measure-

ments.

(A) Transmitting Set Rating (100 ma)

(B) Transmitting Conversion Loss (31 ma)
(C) Transmitting Loop Loss

(D) Receiving Set Rating (100 ma)

(E) Receiving Conversion Loss (31 ma)
(F) Receiving Loop Loss

(G) Over-all Loss

—29.0db
—23.0
—165
+26.0
+26.0
+325
+21.0

Now let’s see how we derive the other losses from these ratings and losses that we have obtained directly.

(H) Current Supply Losses

The current supply losses are obtained from the conversion losses and the set ratings:

(a) Transmitting

Transmitting conversion loss
— Transmitting set rating

Transmitting current supply loss

(b) Receiving

Receiving conversion loss
— Receiving set rating

Receiving current supply loss

—23.04db

—29.0

6.0db

26.0db
26.0

0.0db

Since the 302-type sets in our example do not have equalizers, the receiving conversion loss is the same as

the receiving set rating.

(I) Subscriber Line Losses

From the loop losses and the conversion losses we can obtain the subscriber line losses:

(a) Transmitting

Transmitting loop loss
— Transmitting conversion loss

Transmitting subscriber line loss
(b) Receiving

Receiving loop loss
— Receiving conversion loss

Receiving subscriber line loss

—16.5db
—23.0

6.5 db

325db
26.0

6.5 db

Since, in our example, the transmitting and receiving loops are identical, the subscriber line losses are equal.

(J) Connecting Circuit Loss

From the over-all loss and the loop losses we can obtain the connecting circuit loss:

Over-all loss
— Sum of loop losses

Connecting circuit loss

325+ (—16.5)
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(K) Line Loss

From the over-all loss and the conversion losses we can obtain the line loss:

Over-all loss 21.0db
— Sum of conversion losses 26.0 4 (—23.0) 30
Line Loss 18.0db

Now just what does this 21.0 db over-all loss that we obtain in our example mean?

It means simply that the level of pressure at the ear of the listener is 21 db below the level at the lips of the talker.

Another way of saying the same thing would be to say that the output 1s 21 db below our zero db point of unity
ratio where the output would be equal to the input.

It might help some of you if we write it this way:

—29.0 +6.0 -+6.5 +5.0 --6.5 -+26.0 — 21.0
Trans. Set Trans. Trans. Conn. Rec. Rec. Over-all
Rating Current Line Circuit Line Set Loss
Supply Loss Loss Loss Rating

Loss

8.0 THE MEASURING EQUIPMENT

For those who are interested in the laboratory equipment used to obtain the ratings we use, we will include a
brief description of this equipment. We want to be sure that it is clearly understood that the equipment that
we describe here is the equipment that has been used in the laboratory for obtaining preliminary values of
ratings and losses,

The laboratory apparatus is not final and changes will undoubtedly be made. Also the equipment described here
is not the same as the equipment to be developed for field use. The latter will probably look entirely different,
but is expected to perform in approximately the same fashion.

The important thing to remember is that the principle of the rating system, which we have described, will
not change although the apparatus we use may change.

The laboratory equipment we are discussing is called the Electro-acoustic Transmission Measuring System, or
EATMS.

It is important that we realize that the EATMS is not used as a reference standard such as the Working
Reference System, which many of you may remember was used in the past.

It is simply a device which will permit us to introduce acoustic energy to an over-all circuit and measure pres-
sures at the input or output, or voltages at intermediate points of the circuit, in such a way that differences
between measurements at like points in two circuits are indicative of the loudness difference between them.

A diagram of the EATMS is shown in Fig. 9. It is
made up of three basic parts:

1. The sound source which takes the place of a
talker in a telephone connection.

2. The meter for indicating acoustic pressure or
electric voltage which takes the place of a
listener in a telephone connection.

TELEPHONE

CONNECTION
3. The basic telephone connection which is an SOUND \X\ '
intermediate link between the sound source SourceE ) INDICATING
and the indicating meter. METER
Page 15
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SOUND

__ BASIC TELEPHONE | | TER
SOURCE NDICATING METE

CONNECTION |

PRESSURE S| 6CC COUPLER

ST

PRESSURE St

Fi1G. 9—ELECTRO-ACOUSTIC TRANSMISSION MEASURING SYSTEM

We do not intend to go into the circuit theory of the apparatus but we will look at each of these parts in a little
more detail.

(A) Sound Source

We have said that the sound source takes the place of the talker in the telephone connection. This means that its
output should be similar to human speech.

The sound source consists essentially of a generator which produces voice frequencies and an artificial mouth to
convert the electrical signal into an acoustic signal.

A simplified diagram of the sound source which is now being used is shown in Fig. 10.

ARTIFICIAL
MOUTH
comPLEX SPEECH ARTIFICIAL 2l
VOICE -
FREQUENCY SHAPING g -
TEST TONE NETWORK EQ .

F1G6. 10—SOUND SOURCE

The complex tone generator presently used is a “warbler” or variable oscillator in which the frequency of oscilla-
tion is varied linearly with time from 300 cps to 3300 cps and back to 300 cps six times each second. The output of
the tone generator is then a band of frequencies in the voice frequency range. This output is modified by the
speech shaping network so that the amplitudes of the various frequencies are the same as those of the same
frequencies in human speech. The average intensities of human speech at various frequencies are shown in
Fig. 11. Zero db represents average intensity of speech as a whole.
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The equalizer corrects the output of the artificial mouth so that it will be flat for a flat electrical input. The vari-
able amplifier permits us to adjust the acoustic output level of the artificial mouth to values comparable to the
levels of human speech. The artificial mouth itself is simply a device like a loudspeaker, to convert the electrical
energy into acoustic energy.

We have then, available to us, a source of acoustic energy whose composition is similar in frequency char-

acteristics to human speech and which can be varied as far as level is concerned.

(B) The Indicating Meter

The indicating meter is our means of measuring acoustic pressure or voltage so that we can get indications that
are related to the loudness differences which would be heard by a human ear.

A block diagram of the indicating meter is shown in Fig. 12.

LOUDNESS
SHAPING

NETWORK

ACOUSTIC

CONDENSER PRESSURE
MI¢CROPHONE MEASUREMENT
@_ 600 0

ATTENUATOR
JACKS FOR
HIGH IMPEDANCE -

BRIDGING

/
% g \VOLTAGE
MEASUREMENT

L

HIGH PASS
FILTER

FI1G. 12—INDICATING METER
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For acoustic pressure measurements the condenser microphone is used. In telephone connections the two points
at which we make acoustic measurements are at the input of the transmitter and at the output of the receiver.
When we measure the acoustic output of the receiver a six cubic centimeter coupler, which simulates the space
between the receiver cap and average ear drum, is used between the receiver cap and the condenser microphone.

We make voltage measurements by means of a high impedance bridging connection. These voltage measurements
are used to obtain indications at intermediate points in a telephone connection.

The high-pass filter is used to eliminate or reduce the 60-cycle hum which may be present from the power source.
The loudness shaping network weights the different frequencies composing the signals so that they are suitable
for making loudness comparisons.

So we have a means of measuring pressures at the input or output, or voltages at intermediate points of the
circuit, in such a way that differences between measurements at like points in two circuits are indicative of
the loudness difference between them.

(C) The Basic Telephone Connection

The basic telephone connection, as we mentioned previously, is a link between the sound source and indicating
meter, useful for laboratory measurements.

It is merely an over-all connection in which we can substitute commercial telephone apparatus so that we
can rate the component parts of a commercial telephone connection.

For example, if we want to find the receiving rating of a commercial telephone set, we can connect it in place of
the receiving set of the BTC (basic telephone connection) and make the necessary measurements.

If we only wanted to rate over-ail commercial connections from the lips of the talker to the ear of the listener we
would not need the basic telephone connection.

Fig. 13 is a block diagram of the basic telephone connection. It is essentially a 2-way, 4-wire connection.

CONNECTING
CONVERTING SET LINES CONVERTING SET
SHAPING
NETWORK ‘
\ 300N §/ 9000 |__| .
L PAD 2 PAD
SIDETONE 900 N SIDETONE "
PATH VARIABLE PATH:
/ ATTENUATORS
H\\ /] 900 N gf 900N <‘l
P ' PAD 2 PAD
I — SHAPING
NETWORK

Fi1G. 13—LABORATORY BAsIC TELEPHONE CONNECTION

The unit used as a transmitter is an electro-magnetic device, rather than the customary carbon type, to avoid the
instabilities inherent in the latter. It is often important to avoid these instabilities in laboratory work but they
have little effect in commercial usage.

The shaping networks used in the transmitting portions of the converting sets give a frequency characteristic
that is roughly a compromise between the characteristics of the F1 and T'1 carbon transmitter units. Pads are
used in both the transmitting and receiving portions of the converting sets so that the impedance of the set is
900 ohms pure resistance and will match the 900-ohm input and output resistance of the connecting lines with-
out reflection.
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Ampliﬁers are used in the.transmitting and receiving portions of the converting sets so that the transmitting ana
receiving levels can be adjusted to convenient values. An amplifier is also provided in the sidetone path of each
set to permit adjustment of the sidetone level.

If we want to observe the performance of some item of commercial telephone equipment when it is in an
over-all connection, we can do so by substituting it for the corresponding portion of the BTC.

9.0 SUMMARY

Now let’s review a little bit and see what we know about the loudness rating system.

We base our rating system on loudness which is the most important factor affecting transmission.

Other factors such as sidetone, noise, and frequency distortion are still important, but in day-to-day engineering
of telephone plant their effect in most cases, can be neglected. If these factors are of such magnitude that they will
affect transmission, their effect will be allowed for by corrections obtained subjectively which will be added to
the loudness losses as penalties.

The actual indications that we will use to obtain our loudness ratings and losses will be in terms of voltage
or acoustic pressure.

From these meter indications we will obtain results that are good approximations of the loudness ratings which
human listeners would give us on the average. By using simple objective meter readings rather than subjective
methods of obtaining our ratings and losses, we have established a method which can be used in the field as well
as in the laboratory.

The numerical base for our rating system will be the unity ratio where the output is equal to the input,
whether expressed in millibars or in volts.

Our ratings and losses will be expressed as so many db with respect to this unity ratio condition.

Now what can we do with our new rating system that we haven’t been able to do in the past?

One of the important things is that we have a rating method which involves meter measurements, and which
therefore permits measurement in the field. This opens the possibility of using field measurements to com-
pare with rating data, and thus to make rating data useful for maintenance as well as for layout purposes.

Another important thing is that we have a rating system which for the first time takes objective measure-
ments and ties them in with the ability of telephone sets to convert acoustic energy to electric energy and
vice versa.

Finally, and by no means least important, the new rating system should be a big step toward a new era of under-
standing transmission. For years transmission has
been sadly misunderstood by most telephone people.
We have used values that were merely a set of
numbers with no physical significance, even to many
of the people who were dealing with it every day.

With a new simple base for our rating system we
will be able to discuss transmission in easily un-
derstandable language and make people realize
that transmission isn’t such a big secret after all.

Now, we have not attempted to go into any great
detail on any phase of the rating system. We have
simply given an over-all picture of what the loudness
rating system is, why it is, and how it works.

If we know these things we should be able to use the
rating system and use it intelligently.
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TABLE 1

Components for Rating an Over-all Interoffice

Telephone Connection

Transmitting
Set Rating

Transmitting
Current Supply Loss

Transmitting
Subscriber Line Loss

Connecting Circuit
Transmitting
Reflection Loss

Connecting Circuit
Insertion Loss

Connecting Circuit
Receiving
Reflection Loss

Receiving
Subscriber Line Loss

Receiving
Set Rating

Receiving Current
Supply Loss

Conversion
Loss

> Transmitting

> Line Loss

Receiving
Conversion
Loss

s  Transmitting
Loop Loss

Connecting
> Circuit
Loss

Receiving

Loop Loss
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