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A hypergroup codec

T. H. Pearce, M.Sc,
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Summary The Unied Kingdom
trunk telephone nerwork currently
relics heavily on analogue frequency
division multiplex (fd.m) equip-
ment operating over coaxial cahle
and radio relay svstems. While the
eventual aim is to replace this with a
digital system, the transition is un-
likelv 1o he
VEArS,

In the interim period a need exists
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for a relatively simple and eflicient
means of carrying signals from exist-
ing Fd.m equipment over a digital
link.

This article describes an equip-
ment designed to carry a 900-chan-
nel fd.m hypergroup signal over a
1400 bitfs digital link. Consider-
ation is given o the choice of system
parameters, noize performance and
implementation.

Introduction

Despite the general trend towards the
use of digital technigues in electronic
svatems, the trunk telephone network
still remains essentially an analogoe
avatem using the technigue of frequency
division multuplex (Fdom) o separate
channels. While digital  techniques
have been used 1o some extent, in the
form of 24- and 30-channel pulse code
p.com) multiplex equip-
ment, this has so far been restricted 1o

maodilation

use on local junction routes between
exchanges,

In the UK this sitnation is about to
change. Technigues for the  muli-
plexing and transmission of digitized
telephone signals and other data, at
rates in excess of 100Mbit /s, have been
rescarched in many laboratories over
the past decacde and are now about o
b put into |||';_||,Ii1"|". In an extensive
investment programme extending over
the next decade, British Telecom plan
1o replace the entire fd.m trunk net-
work with a digital transmission system
operating at rawes up 1o 140 bitfs and
possibly higher.

During the transition 1o this purely
digrital network, a need exists for a
relatively simple and efficient means of
carrying signals from existing Fdom
equipment over the new digital links,
heth as a means of loading these links in
the early stages when only a limited
amount of digitally-generated wraffic is
available, and subsequently to main-
tain Aexibility within the netwock unol
cventually  all Ldom equipment s
phased oat,

The purpose of this article is to
deseribe the design of an equipment
currently being developed for Britzsh
Telecom, will enable a 900-
channel Led.m hypergroup sigonal to be
conveyed over a 140Mbitfs digital link
and te be recovered at the far end inits
ariginal T.d.m form. Consideration is
given to the choice of system par-
ameters, noise performance and im-
plementation.

which
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System description

The equipment consisis essentially of
the pem  encoder-decoder  com-
bination shown in fgure 1.

At the encoder (figure Ta), the ana-
logue fd.m signal 5 applied 10 an
analogue-to-digital {a—d) converter via
the necessary amplification and filter-
ing. In the specific case of the 900-
channel hypergroup signal it is albio
necessary to provide an initial stage of
frequency translation to match the
pass-band of the Ld.m signal 10 the
chosen sampling frequency adopted in
the a-d converter, The digital output
from the converter is in parallel form,
requiring a digital multiplex 1o gen-
erate a single serial data stream for
transmission. The transmission code
adopted is coded mark inversion
el

At the decoder (figure 1h), the fd.m
signal is recovered by means of a comp-
lementary demultiplex followed by a
digital-to-analogue  [d-a) converter,
suitable ouput filiering and a comp-
lementary stage of frequency trans-
lation to return the fd.m signal o its
original frequency band,

The codec may also be operated
without the requency ranslators, with
a corresponding saving in cost and
complexity and a small improvement in
noise performance, The capacity is re-
duced to that of the l4-supergroup
assembly (8B40 channels) covering the
band 312-3780kHz. The more likely
application, however, is for the full 13-
SUpCTgroup  capacity requiring  the
translators.

System parameters

The system parameters, outpuat hit rate,
quantization accuracy and sampling
frequency have been chosen to provide
an efficient match between the band-
width of the fd.n signal and the hit
rate available on the digital network.

The frequency band occupied by the
Y-channel hypergroup signal is
312-4028kHz, which is moved to the
band 60-3776kHz by the frequency
translation stage in the encoder. The
chogen sampling frequency is 7T608kHz,
giving a hall sampling frequency band-
width of 3804kHz and an oatput bit
rate of 68 736khit/s, at the minimum
acceptable quantization accuracy of 9
bits/sample.

The output bit rate permils a simple
multiplexing of two codec outputs 1o
140Mbitfs (139264kbit)s) for trans-
mission over the network. This multi-
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Fig. 1. Simplified block diagram of codec
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Fig. 2, Noise performance

plexing, carried out in a fourth-order
cigital multiplex equipment which is
not part of the cadec, is necessary since
there are at present ne plans for rans-
mission at the 68Mbit/fs level over the
network.  Alternatively  the  mulii-
plexing may be used to combine the
codec output with the output from a
GiMbit/s video codec or a suitable
assembly  of  digitized  telephone
channels,

Noise performance

The noise introduced into the f.d.m
signal path by the codee, due primarily
1o the quantization process in the
analogue-to-digital converter with a
small contribution from  the  purely
analogue parts of the codec, is an
important aspect of the overall system
performance since in use the codec and
its digital link should not introduce any
more noise than the Ld.m link it re-
places. Noise resulting from occasional
errors in the received digital signal is
likely 1o be at an insignificant level,
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Frp. 3. Non-uniform quantizing fme

making the noise introduced by the
codec itsell the dominant source.
Figure 2 shows a plot of the theoreti-
cal guantizing and peak clipping noise
as a function of the system load T,
defined as the ratic of a snusoidal
signal just filling the a-d converter 1o

the DdBm eat level. The curves shown



Fig. 4. Prototype equipment with two units removed

are for a fully-loaded hypergroup signal
using a quantization accuracy of nine
bits/sample. In the case of linear quan-
tization, shown in curve (a), it is seen
that the noise at the optimum load level
is approximatcly 400pWop (pWip
picowaus psophometrically weighted,
referred 1o a point in the system where
the test level is lmW).

In practice it is possible o use a

non-uniform quantization law to effect
an improvement in this performance as
indicated by curve (b}, This is possible
since a fully-loaded hypergroup signal
approximates to Gaussian noisc, enabl-
ing the larger amplitude levels, which
occur less frequently, to be quantized
more coarscly than the lower levels,
The quantization law adopted is that
shown in figure 3, equivalent to 10=13i1
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linear quantization for levels below
quarter full scale, reducing to nine bits
between quarter and half full scale, and
cight bits above this.

The quantizing noise using this non-
uniform law is reduced 1o just over 200
picowatts at the optimum load level of
+27dBm0. In practice it is necessary 1o
add a margin of 2 to 3B for imp!omrn-
tation losses in the a—d and d-a con-
verters and approximately 100 pico-
walls for noise contributed by the
purely analogue stages, to give a value
for the total noise contributed by the
codec of 500 picowats {~63dBmOp).
At reduced traffic-loading levels the
noise performance will improve by up
1o 2dB due 10 the non-uniform quan-
tizing, but a more effective improve-
ment can be obtained by use of an
automatic gain control 1o be deseribed
later.

Implementation

Figure 4 shows a view of the prototype
ﬂ:]uipmmq., constructed in  Brtish
Telecom TEP-1E equipment practice,
modified 10 accept fully-screened units
for the low-level analogue parts of the
equipment. The encoder units are situ-
ated at the lefi-hand side of the eight-
unit-high shell assembly, decoder 10 the

Fig. 5. Detailed block diggram of codec
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right, with power supply and equip-
mient alarm unit in the centre. An end-
of-shelf alarm unit is located at the far
right-hand end of the shelfl

The screened units have been con-
structed by replacing the conventional
plug-in circuit cards with a metal plate
on which is fabricated a screened en-
closure, Figure 4 shows two units with-
drawn with screening covers removed,
the analogue-to-digital converter on
the left and final outpur amplifier and
station cable equalizer (s.c.e) network
to the right, Connection between units
15 made via individual coaxial con-
nectors with multi-way connectors re-
served for the purely digital units, a-d
and d-a converters, power supply and
alarm units.

Figure 5 shows a detailed block dia-
gram of the equipment, indicating the
distribution of timing signals and con-
nections to the equipment alarm unit,
A briel discussion follows of the im-
plementation of the principal parts
shown in the diagram.

Analogue-to-digital converter
The quantization process is carried out
by means of a 10-bit linear a-d con-
verter followed by a digital com-
pression stage to obtain the 9-bit non-
unilorm law of higure 3. At the decoder
a complementary digital expansion is
employed, followed by a linear 10-hit
digital-to-analogue conversion.

The I-hit a-d converter uses the
twosstage  parallel-serial-parallel  ar-
rangement shown in figure 6. In the
first stage a 4-bit approximation of the
sample is made and applied 1o a 4-hit

LLET]

ANALOGUE
INFUT

Fig. . Ten kit analogne lo digital convesler

digital-to-analogue converter having
an accuracy of output level better than
the overall 10-bit accuracy required for
the converter. The output from this is
subtracted from the input sample 1o
obtain a residue which is subsequently
amplified and passed to the second
stage o complete the required overall
degree of resolution.

The a-d converter used in the second
stage is an integrated-circuit 8-bit all-
parallel device designed for TV video
encoding, used at only 7-bit resolution
to ensure better than | least significant
bit (Lsb) accuracy. The most signifi-
cant hit from this converter is added o
the four bits generated by the first stage
to obrain the four most significant bits
of the 10-hit conversion. This arrange-
ment, referred to as over-range error
correction, is designed to correct small
inacewracies in the first stage 4-hit a-d
converter. The overall accuracy is then
determined by the accuracy of the d-a
converter in the first stage, the residue
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amplifier and the sccond-stage a-d

COMVerter.

Frequency translation

The frequency translation stage in the
encoder shifts the frequency of the 15-
supergroup assembly down by 252kHz
s0 that prior to analogue-to-digital con-
version the signal oecupies the band
60-3776kHz. In the decoder the sig-
nal frequency is raised by the same
Amount.

Te ensure that there is no net fre-
quency error in passing through a
codec the 252kHz reference used in the
translators is locked 10 the system lrame
rate. Thus exactly complementary
shifis. are used in the encoder and
distant decoder.

Since a 232kHz translation of the
hypergroup assembly using a single
stage of mixing would result in over-
lapping sidebands, two stages of mixing
are used. In the first stage the signat is
translated up o 10MHz where the
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Fig. 7. Frequency translator




unwanted sideband is removed by fil-
tering. In the second stage the signal is
down-converted uzing a second carrier
which differs from the first by 252kHz.

The down-conversion stage used in
the encoder is shown schematically in
figure 7. The low-pass input filter be-
gins 1o roll-ofl alter 4028kHz and pro-
tects the Arst-stage mixer from image
frequencies  and  out-olband  com-
ponents which could break through
dircctly to the mixer output. The signal
mixers are of the monolithic quad tran-
sistor type and receive a balanced drive
via transformers,

Afier the first stage of mixing the
required lower sideband occapies the
band 5972kHz-9688kHz  and  the
separation between upper and lower
sidebands is 624kHz. The sideband
filter has five finite poles and exhibits a
particularly sieep high-frequency roll-
ol o achieve the required BOAB re-
jection of the unwanted sideband.
Below 3972kHz the flter characteristic
rolls ofl more gently in order 1o suppress
uvnwanted signal breakthrough 1o the
second mixer.

The second miser SLage wses a carrier
requency of 9748 MHz derived from a
voltage-controlled
(vexo) locked to a frequency 252kHz
below the 10MHz carrier. The upper
sideband from the second mixer is
removed, along with any other out-of-
hand component, by the low-pass filter-
ing provided prior w0 analogue-ro-
digital conversion. Any residual carrier

crystal oscillator

leak which appears in-band ar 252kHz
will be rranslated w 504kHz by the
receive translator. This lies hetween
channels at the boundary between
groups 4 and 5 in supergroup No.2,
Each translator also contains the
recuired  carrier-generating  circuitry
driven by self-contained crvstal oscil-
laters, The two carriers arc applicd via
bulfer circuits (o an active mixer which
extracts the 252kHz difference fre-
quency. After low-pass filiering this is
compared with the reference 252kHz
generated in the tdming unit. The phase
comparator output, after amplification
and fileering, i wsed w control the
viex.o frequency. In addition to a
simple RC loop filter an active carrier-
suppression filter is used to remove the
252kHz carrier frequency and its har-
mamcs from the voeoco control voltage.
The wp-converter used in the de-
coder emplovs a similar scheme but
here the two carriers are reversed, the
lower frequency being used in the first
stage and the higher in the second. In

addition, exwra filtering is required a1
the output to remove the out-of-band
COMmpenents.

Auviomatic gain control

The plot of theoretical peak clipping
ane quantizing noise shown in figure 2
assuimes a fully-loaded hypergroup sig-
nal. In practice the loading level will
vary depending upon traffic conditions,
making an automatic gain control de-
sitable if the a-d conwverter iz to bhe
operated at the optimum signal level.
For this reason an a.g.c stage has been
provided before the a-d converter, con-
rolled by a digital detection of signal
level from the a—d. At the decoder, the
correct signal level through the codec is
restored by a second a.p.c stapge alter
the d-a converter which s contralled
by detection of a low-level (—20dBmi)
pilot tone injected out of band {12kHz)
at the encoder. At low traffic-loading
levels an improvement in the quanti-
zation noise performance of up w BdB
can be obtained. Any further improwve-
ment 15 restricted by residual noise in
the analogue circuits outside the a.g.c
loop and by the fact that as the traffic
loading falls the signal departs from its
approximation to Gaussian noise. A
range of control is also provided in the
opposite direction to accommodate up
1o hd B increase in signal level above the
nominal fullv-loaded level, with a
corresponding increase in guantizing
[ARETL] N

Input and output fliers
High- and low-pass filters arc used at
the input to the codec to protect against
out-of-band input signals, especially
signals which could be translated into
band by the sampling process. Similar
filters are also used at the codec output
1o prevent out-of-band components
from being transmitted to ollowing
equipments. The frequency translators
have their own filtering requirements
and the extra filers required are con-
tained within the translator units.
The overall pass-hand flatness of the
codec is required to be better than
4+0-5dB; in addition the maximum
gain change allowed over a 240kHz
supergroup is less than :3dB. This
reqquires that the pass-band response of
individual analogue units should be
within about +0-1dB. To meet this
specification the input and output fil-
ters and the frequency translation fil-
ters  require  associated  amplitude
equal':zerﬁ. Amplitude equalizers o
correct for station cable losses are also
provided at the £d.m input and output
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ports, Each of these station cable equal-
izers can correct for up to4dB cable loss
at #02EkHz.

The main signal filters and ampli-
tude equalizers have been designed and
analysed using a suite of computer
programs developed for filters with an
equi-rippled pass-band and arbitrarily
specified stop-band.

The initial design of the amplitude
equalizers was  based on the O)-
modelled response of the filters and in
MOst CASCs COMputer optimization tech-
nigques have also been used.

The input low-pass filter requires 2
sharp roll-ofl w prevent out-ol-band
components above the half sampling
rate frequency of 3804kHz being re-
flected into the signal pass-hand by the
sampling process [aliasing). To accom-
modate a  l4-supergroup  assembly,
witheut frequency transtators, the pass-
band extends w 3780kHz, A 5-pole
equi-rippled  Caver-Darlington re-
sponse flter is used in this position. The
stop-band response 15 oat least 10J4B
down at 52kHz abeve the band edge
and is alwavs better than 40dB down
above  4d40dkHz.  After  amplitnde
equalization the pass-band is flat 1w
within +0-15B.

The requirements for the input high-
pass filter are less saringent and a 3-pole
filter is used. The stop-band per-
formance is beter than 30dB down
below 264kHz and hetter than HdB
down helow | 2kHe.

The output low-pass fileer is also a 5-
pole design and must prevent out-of-
band components interfering with sub-
sequent cquipment. Again, 1o accom-
madate a  I-supergroup  assembly,
312-5780kHe, the pass-band edge is
3780kHz. The stop-band rejection is
better than G0dB from 4028kHz to
HikHz. Above $4404kHz: the rejection
reduces but alwavs remains better than
4B,

The amplitude equalizer for the out-
put low-pass filter also incorporates the
correction. required for the (sinax)lx
frequency response of the re-sampler
following the d-a converter. The re-
sampler consists of a sample-and-hold
circuit which requires a compensating
lift of approximately 4dB at 3780kHz.

The high-pass filter used an the out-
put afier the frequency translator is
similar to that used at the input.

Mu]ﬁp‘ﬂ:

In the multiplex unit the 9-bit parallel
data words, a1 a sample rate of
T608kHz from the a-d converter, are
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multiplexed with a resident 9-bit frame
alignment signal (Fa.s) and two service
digits ({s.d}, senalized and encoded
{coded mark inversion) into a data
stream at 68 736kbit/s. As shown in
figure 8, a framec contains 317 9-bit
data words and with the Las codeword
and service digits totals 2864 bits,
giving a frame repetition rate of 24k He.
The service digits are used for system
equipment annunciation,

To enable the fas and sd to be
inserted at the frame boundary, with-
out temporarily losing data from the
continuous input flow, the 9-bit data
words are written alternately into two
parallel-input/parallel-output {p.i.p.o)
buffer stores at a sicady 3804kHz (i.c
half the a—d sampling rate). Eectively,
the data words now exist for twice as
long, permitting the store outputs to be
sampled alternately with a pause once
per frame for interleaving the 11 bits of
frame signalling. Fach parallel word is
loaded sequentially into the transmit
shifi register that, driven by a con-
tinuous master clock, produces a serial
stream for c.m.i encoding (figure 9) and
subsequent digital output to line at |
valt peak-t1o-peak a.c coupled.

Demultiplex

The cmi-encoded digital stream is
received from line by the demultiplex
unit where it is equalized and decoded
to provide a serial non-return-to-zero
i) signal and recovered clock.
Detection of the fas in the signal
stream synchronizes the demultiplex
process: the nine bits ol each data word
are presented in parallel at 7608kHz 1o
the ¢-a converter and the two service
digits are retained, updated and passed
1o the alarm unit once per 24kHz
frame. While the regular observation of
f.a.5 indicates demultiplex locked, any
incorrect f.a.s is monitored and il four
consecutive incorrect fLa.s are received
a loss of alignment alarm (Lo.a) is
raised  and frame search imatiated;
alignment is regained when three sue-
cessive f.a.s are correctly detected.

The line receiver provides passive
equalization for up w 17dB cable loss
{at hall bit rate) and raises a digital
input failure alarm (dig.in. fail} il the
signal drops a further G6dB. Data and
clock are recovered from the cm.i
stream by using a driven short-
circuited coaxial delay line to provide a
half e.m.i symbol period delay, The
diflerence between this and the present
input gives a three-level wavelorm that
il sampled in the lawer half of each
symbol period represents data, while
the lower level gives clock information
that resides accurately in the negative
transitions of the c.m.i wavelorm.

Provision is made lor flagging receipt
of an alarm indication signal (a.is)
which consists of a sequence of all ones
instead of true data.

When frame tming has  been
synchronized, the nine hits of each data
wuord are transferred from a serial re-
ceive shift register, alternately into two
pi.p.o buffer siores. Transfer is in-
terrupted at the frame boundary o
acknowledge that Las and s.d are not
true data. The 9-bit parallel data words
are presented to the d-a converter at
7608kHz by reading each buffer store
alternatcly.

Timing

Timing waveforms required by the
multiplex and demultiplex processes
are generated by their respective timing
units; these also provide 7608kHz sam-
ple and re-sample clocks and 252kHz
for the frequency translators (locked to

half-frame rate]. The transmit timing
also originates a 12kHz a.g.c pilot tone,
The basic frame counter comprises a
programmable counter dividing by 9 or
11 as required, working a1 68 736kHz,
followed by a divide-by-318 synchron-
ous hinary counter; in general terms
this eounter provides, for the muliiplex
and demultiplex, the regular wave-
forms that require a pause ar each
frame boundary, The steady 7608kHz
sample and resample clocks, and the
3804kHz read-and-write timing orig-
15216kHz voltage-con-
trolled crystal escillators by division;
these oscillators are phase locked in a
narrow-hand loop to the mean timing
of the frame counter. At the demulu-
plex this narrow-band loop effectively
prevents jitter from the recovered clock
affecting the resample timing,

inate from

Alarm unit

An equipment alarm  unit is in-
corporated o provide the alarm con-
ditions indicated in figure 5, together
with a detection of a high receive error
rate at the decoder and generation and
detection of a distant alarm condition.
These alarm conditions are extended,
together with a power-fail condition, 1o
the rack alarm system via the end-of-
shell’ alarm unit. A separate lamp is
provided on the front of the equipment
alarm unit card for each of the twelve
alarm conditions, together with a com-
mon auto reset/lamp lock switch, A
separate alarm (red} and receiving at-
tention (green lamp is provided on the
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Fig, 9. C.M.I encoding



end-of-shell alarm unit together with a
receiving-attention key.

Power supply

A d.e—d.c converter provides regulated
supplies for the equipment at 41353V,
—15¥, 45V and =52V from —24 or
=50V station  battery supplies, A
partially-regulated —9V supply is pro-
vided for use in the a-d converter.
Switched-mode regulation using pulse-
duration  modulation iz employed,
together  with  selfrestoring  over-
wiltage and over-currént proleclion.

Conclusion

The article has described the design of
an f.d.m hypergroup codec, which will
enable a 90-channel hypergroup sig-
nal to be carricd over a 140Mbit/s
digital transmision system wvia a
GEMbits input of a fourth-order digital
multiplex equipment. The codee offers
a relatively simple and efficient means
of carrying f.d.m traffic over a digital
link, to permit Aexibility o be main-
taimed within the trunk telephone net-
work during the transition to a purely
eigital transmission svstem,
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RESUME

A Uheure actuelle, le résean @lephonigue nger-
wrhain du Rovaume-Ling Gait Targement a|.r1‘;\t! &
du maréricl analogique i multiples & divigon de
Fequence (Rdan) qui fonctionne par Pinger-
midiaire ce cibles 5 paires coaxiales et de
Fatsceans hertoens. Abors e I'nbjrrl'if final et
de remplacer ceci par an systéme numérigue, Uon
gattend 4 of que la ransition g'fende sur
plussicurs anées,

Dang la période intérimaire, il s'agira de
treruver un mayen relativernent simple o1 eficace
permettant o acheminer les signnux du matéricl
fd.m existant sur wne linison numergue.

Le présemt article décrin wn éguipement gui a
e congu pour acheminer un signal dhyper-
groupe Ldam & 900 voies sur une ladson numes
quut de 1408 baefs. Liarticle ¢tudie le chosx des
parametres di systéme, les performances de ni-
vean du bruit e1 la mise en orgvre,

ZUSAMMENFASSUNG

Tas Fernsprechnetz in Grofbe twnnien stirz sich
aur Feit vornchmlich awl’ analoge Freguenz-
multiplex-Auvsriistung (Ld.m), dic iiber Koaxial-
kabel- und Rundfunk-Relaisysieme  arbeiner
CHagleich e betztendlich das Ziel 11, dies dureh
ein dIIEi'l.HJH System zu ersetzen, wind sich der
kompgelette Ubergang wahrscheinlich noch aber
eimige [ahre hinaussigern,

In der Ubergansperiode hesteht alse Bedard an
eimer relatiy einfachen und wirksamen Methode
der Ul:mragun]; wan Signalen von bestehender
Ld.m-Apsristung dber eine Digitalverbindung.

Dhieser Aufsatz beschreibt cine Ausriistung, die
dazu gedacht ist, ein Cd.m-Hypergruppen-Signal
mit W) Kanaben aber eine Digitalverhindung
mit 140Mbats cu aberragen. Es wird auf dic
Wahl von Sy=tem-Parameten, Geruse hleistung
wnd Durchiithrung singegangen.

RESUMEMN

La red telelinica interurhana del Reino Unido
confla actualmente de manera consderable en el
cquipo  analdgico Ldam  (frequency  division
mnuleiphex | e Opera wihre sstemns de cables
conxiabes v radio rele. Mientras ol fin eventual o=
reemplazar esto com un sistema digital, no es
probable que la transiciin sc compleie hasta que
PaASET) VAT Al

Entretantn, existe la necesidad de un medio
relativamente sencillo ¥ ehcienie de qrqm.:pnrtnr
sefiales desde fquipos Ld.m existentes sohre un
colace digital.

Este articulo describe un equipo destinado a
Iransportar unasefial del ki pETgrupe Eel.rm o S0
canales sobre un enlace digital de 140Mbins, S
de consideracion a la seleccidn de parimetros
del  sidtema,  ruidn,  funcionamienio e
inarrumeantacion,
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