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ABSTRACT 

Because of recent interest in 
cable systems for data transmission 
as an alternative to use of telephone 
company leased lines, Scientific-Atlanrn 
is introducing the 6402 High-Speed 
Modem which is capable of transmitting 
and receiving data at standard tele
phone system rates of 1.544 Mbps (T1) 
or 6. 312 Mbps ( T2). Two features of 
the 6402 are especially useful for op
eration on cable systems: high band
width efficiency and frequency agility. 

The 6402 design is composed of 
two major parts: the RF section and 
the baseband processor. The RF section 
provides modulation, demodulation, fre
quency translation, and frequency syn
thesis. The baseband processor recov
ers both the carrier frequency and the 
c!ata rate clock fro.11 the demodulated 
baseband signal provided by the ~F sec
tion using digital processing. 

The basic tecimiaue used in the 
6402 is Quadrature-Amplitude-Shift-Key
ing (QASK). This method of modulation 
allows frequency spacing of 750 KHz 
for T1 channels and 3 MHz for T2 chan
nels with a bit error rate of less than 
10-':i. 

IHTROuUC'i'I ON 

The a~vent of well-designed coax
ial cable networks covering large, met
ropolitan or suburban areas has led 
to a high degree of interest in the 
use of these networks for data communi
cations. Because of the large avail
able bandwidth, in excess of 400 MHz 
coaxial systems represent an excellent 
medium for digital communications. 
vlith the. requirement for commercial 
systems of C/N > 36dE, i.e. C/No > 
102dB-Hz, and the ability for good de~ 
sig~s to exceed this by as much as 
9dB , complex, wide band digital modu
lation formats can be supported. Be
causP. commercial systems are desi_gned 
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to distribute primarily video modulation 
formats, the transmission system must 
be maintained in a highly linear mode, 
thus modulation schemes which may suffer 
when confronted with the nonlinearities 
inherent in satellite communications, 
for example, may be employed with rela
tive inpunity on the coaxial medium. 
All of the above factors became apparent 
resulting in the current industry drive 
to develop data communications capabili
ty on existing, planned and future coax
ial systems. 

In September 1981, Scientific-At
lanta installed a demonstaration data 
link in order to show the feasibility 
of providing wideband data services via 
coaxial cable. This initial installa
tion provided local distribution of 96 
voice channels between ISACOM, Inc., 
operating Satellite Business Systems 
(SBS) di3ital earth terminals in Atlanta 
and Houston, and one of their customers, 
National Data Corporation (NDC). This 
link was established with a dedicated 
cable pair (for redundancy) installed 
and maintained by South Media, Inc. 
The link provided NDC with voice and 
data services between their offices in 
Atlanta and Houston. Two crucial fea
tures of data communications over coax
ial systems were demonstrated. The 
first was that transmission performance 
was limited only be terminal equipment, 
the cable medium performed transparent
ly. The second feature involved com
munication economies. Coaxial cable 
was unrivalled when cost was a consider
ation. 

Since the installation of this 
first link a third fundamental principle 
was uncovered. vlhile the cable offers 
unparalled cost and performance for high 
speed data communications its bandwidth 
must be treated as a highly prized com
modity. The installation of wideband 
full duplex links at T1 (1.544Mbps) and 
T2 ( 6. 312Mbps) rates employing modula
tion techni_ques with moderate bandwi_dth 



efficiency, e.g. 0.5 bits/Hz, would only 
permit 19 T1 links or 4 T2 links on a 
mid-split coaxial cable network as shown 
in Figure 1. Therefore, the capacity 
of the network is greatly enhanced when 
more efficient modulation techniques 
are applied. At 2.0 bits/Hz, 76 T1 
links or 38 T2 links can be supported. 
Application of current digital communi
cations technology is essential in order 
to effect more efficient utilization 
of the available bandwidth. It was 
therefore determined that an approach 
was necessary which would maximize spec
tral efficiency without driving manu
facturing costs to prohibitive levels. 
A technique satisfying these require
ments has been developed and is the sub
ject of the remainder of the paper. 

SYSTEM DESIGN 

In order to meet the necessary 
bandwidth efficiency requirements for 
high speed data transmission, the selec
tion of the modulation format was essen
tial. While spectral efficiences of 
0.5b/Hz - 1.0b/Hz are readily achievable 
it was determined that 2b/Hz could be 
realized without undue additional manu
facturing cost. This was possible due 
to the ease of implementation of the 
selected QASK-16 signal constellation, 
in both the modulation and demodulation 
processes. QASK-16 is a special case 
of the Mary Amplitude-Phase-Shift-Keyed 
(MAPSK) family of signal sets which pro
vide enhanced bandwidth efficiency 
through efficient signal packing at 
the expense of bit error probability, 
Pb, in the noisy enviornment. However, 
since coaxial systems provide high sig
nal-to-noise ratios, these complex mod
ulation formats are applicable. 

-9 A performance goal of P e < 10 
was established for the data linkt:here
by constraining the modulation complex
ity due to the fixed limit of C/No .::_ 
102dB-:-lz. A large body of literature 
exists on studies and hardware implemen
tations covering many of the MAPSK sig
nal sets [2 - 11]. After an evaluation 
of the myriad possibilities it was de
termined that QASK-16 offered the best 
compromise of spectral efficiency, Pb, 
and cost of implementation. The average 
symbol signal-to-noise ratio, R d ff:. ST / 
N0 , is easily found to be Rd.::_ 46dB for 
a coaxial system operating at marginal 
performance levels or better and a T1 
bit rate (QASK-16 transmits four bits 
per symbol). However, data signals can
not be permitted to operate at power 
levels in excess of the video signals 
with which they must co-exist. There
fore, it was determined that the power 
of each digitally modulated carrier be 

73 

1 5dB below video levels for T1 and 9dB 
for T2. This results in a total channel 
power (6 MHz channels) 6dB below a cor
responding video channel when the chan
nel is fully packed with T1 or T2 data 
carriers at . 75 MHz and 3 MHz spacings 
respectively. This requirement reduced 
the worst case to Rd > 31dB for both 
rates. In order to aChieve a symbol 
error probability, Ps, of 10-9, Rd 
> 26dB is a lower bound when implementa
tion losses are included. Thus, 5dB 
of system margin exists for the QASK-
16 modulation scheme. 

The QASK modulation format selected 
from the family of MAPSK signal sets 
does not represent the optimum signal 
set, however it has been shown to be 
degraded from the optimum by only tenths 
of a dB [ 3, 5]. This penalty is insig
nificant when faced with the complex
ities of implementation of the alterna
tives. Through the combination of sev
eral decision directed or decision feed
back techniques, all of the functions 
necessary for demodulation of the QASK 
signal set will be shown to be readily 
implemented. 

System Model 

The basic models for the QASK com
munication link are shown in Figure 2. 
The incoming data stream, d(t) is scram
bled to insure adequate symbol transi
tions, then taken four bits at a time 
and differentially encoded [ 12], then 
filtered to provide minimum bandwidth 
and inter-symbol interference (ISI) and 
impressed on quadrature car::-iers. The 
transmitted signal s(t), an H-arv (l'Iad
rature-amplitude-shift-keyed(QASK-M)signal 
with a symbol interval of T-seconas, 
can be ~-epresented mathmaticallv as 

S(t) = /2[m({t)cos w0 t 7 mg (t)sin w0 t] (1) 

where mi· {t) and mq•(t) are scrambled, 
encoded and filtered pulse trains. 
These quadrature pulse trains take on 
equally likely values j 6 with j = + 1, 
+ 3, ... , + (K-1) in each channel. 
Thus for K=4, the case of interest 
here, mi•(t) and m· (t) are the filter-
ed versions of a~plitude shift-keyed 
(ASK) inputs with equally likely values 
of + 6 , + 3 6, resulting in the QASK-
16 signal-set with two amplitudes and 
two phases in each quadrature channel. 
The average signal power of the trans
nitted signal set is 

= 2/3(K2 - 1)62. (2) 

This transmitter model is depicted in 
rigure 2a. 

The channel shown in Figure 2b is 
ffisumed to be an additive white Gaussian 



noise (A";JGN) channel where the noise 
n( t) has a two-sided spectral density 
N0 /2 W/Hz. In addition the channel adds 
a random pnase shift to the signal s(t) 
such that the received signal is of the 
form, 

x(t) s(t,e(t)] + n(t) + J{t) 

/L{m{(t)cos(w0 t + G(t)] 
+ m'(t)sin(w0 t + 8{t)] 
+ n ft) + J ( t)} 

( 3) 

where G( t) ~ e0 + r.ot, with 8 a uniform
ly distributed phase shift and ~G> the 
frequency shift from its nominal value 
of WQ· The additional signal J(t) re
presents additive interence signals 
which though present in practic~ Pre 
assumed negligible in the discussion 
to follow. 

The receiver model is shown in Fig
ure 2c where the input signal, X(t) is 
multipled by a locally generated quadra-
ture reference, A 

r(t) =J2cos[w
0

t + O(t)] (4) 
where e( t) is the local estimate of 6( t ). 
3ecause the case of interest here is 
that of very high Reb the noise will 
be neglected in further discussions, 
the case of low-to-moderate ~d is treat
ed adequately in the references. 

The quadrature signals multipled 
by the reference and again Nyquist fil
tered are represented as 

zi(t) = m{~t) cos 0(t) + mq(t)sin0(t) 

zq(t) = -mi(t)sin0(+) + m~(t)cos0(t) 

where (J'(t) ~ El(t) - e(t) .is the carrier 
recovery loop phase error. The baseband 
signals, Zi (t) and zg(t) are then quan
tized in an analog-to-digital converter, 
and processed in order to recover the 
carrier phase process, symbol synchron
ization, detect the transmitted symbols, 
control the gain and detect lock. The 
algorithms necessary to provide these 
functions are implemented in a digital 
processor the details of which are left 
to a subsequent section. The carrier 
recovery algorithm employs a decision
feedback technique analyzed by Simon 
and Smith [13]. The symbol synchroniza
tion algorithm is a generalized data 
transition tracking loop, similar in 
concept to that analyzed by Simon [ 14-
15]. The AGC algorithm is a decision
directed tecnnique as analyzed by ~eber 
[16], with the lock detection algorithm 
employing the AGC error signal as its 
decision criterion. The channel encod
ing is essentially differential encod
ng and is necessary in order to remove 
the quadrant ambiguity in the received 
symbols. The filtering for bandwidth 
efficiency, or Nyquist filtering, com-
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presses the transmitted spectrum to a
chieve the 2 bits/Hz spectral efficiency 
while minimizing ISi. The filter is par
titioned between the transmitter and re
ceiver in order to minimize adjacent cha~ 
nel spillover and adjacent channel inter
ference respectively. 

The modem developed for the mid-split 
cable system is designated the 64J2 High 
Speed Modem. A functional block diagram 
of the 6402 is given in Figure 3. Each 
of the elements in the diagram are des
cribed in more detail in later paragraph& 
The salient features are the frequency 
agility provided by transmit and receive 
synthesizers, low spurious emissions al
lowing for reliable coaxial networ~ oper
ation, and a high performance basebar.d 
detection technique resulting in fb .::_10-~ 

~F SECTION 

The RF Processor is comprised of the 
transmit and receive IF assemblies as 
well as the transmit power amplifiers, 
receive amplifiers and the synthesized 
local oscillators (LO' s). A mid-split 
diplexer is used to interface the trans
mit and receive assemblies to the cable. 
~hile filtering is performed in both 

the transmitter and receiver of the 6402 
none of these filters affects the modu
lated signal. The spectral efficiency 
is achieved through baseband filtering 
in the baseband processor. The design 
philosophy adopted for the RF ?rocessor 
was to employ standard components in a 
way such that highly reliable ~F signal 
processing was possible without generat
ing interference which would affect the 
performance of other signals on the coax
ial network. 

Transmitter 

The transmitter is composed of sever
al elements: The quadrature modulator, 
synthesized transmit LO, and power ampli
fiers. The modulator employs a 145 i'1;-!z 
TOW as an IF, which is then modulated 
by the in-phase and quadrature ASK sym
bols, rr(i\t) and mq(t) as described pre
viously. These quadrature signals are 
summed resulting in the QASK-16 signal. 
T:·lis signal is filtered with a broad IF 
filter, amplified, and then translated 
to the transmit frequency by the transmit 
LO which results in 0.75 MHz channel 
spacing across the reverse channel, 5-
102 HHz. Filtering in tne transmitter 
amplifier stages rejects the T.X LO such 
that the worst case spurious output is 
-60dBc. 
Receiver 

The receiver assemblies are composed 



of broadband amplifiers, the synthesiz
ed receive LO, and the quadrature de
modulator. In order to prevent leakage 
of the RX LO onto the cable, each re
ceiver broadband amplifier is preceded 
by a compensating attenuation, such 
that the net gain is essentially OdB. 
~his inser::s the necessary isolation 
to keep the spurious levels due to the 
~X LO at < -60dEc. ~he RX LO then pro
vides the-necessary conversion frequen
cy, ~lith . 75 Mi{z resolution, to trans
late the receive channel to t~e 150 
iv!i-iz receive IF. In the I?, the signal 
is amplified and filtered with a broad 
channel filter with 10 l1L-lz bandwidth 
to re iect undesired ci1.annels. A ?IN 
diode - attenuator is employed in the 
receive IF for processor control of 
ti1.e input levels. T~1.is signal is then 
applied to two mixers usinp, t~e recon
structed carrier references as suoolied 
by the Baseband Processor to demod~late 
t:1.e incoming signals to baseband. At 
this point the ~uadrature baseband sig
nals are applied to the Baseband Pro
cessor inputs for digitizing. 

BASEBAND PROCESSOR 

Technology 

With careful use of a few state
of-the-art components, it was possible 
to build most of the baseband processor 
with standard MSI-TTL technology rather 
than more expensive ECL. An examp 1 e 
of a critical section is the numerical
ly controlled oscillator. The 5 ~'J;;z 
NCO requires the fastest TTl PROM and 
~TL registers commercially available. 

Algorithms 

The major functions of the base
band processor are shown in the block 
diagram of Figure 4. The carrier syn
chronization section keeps the 150 Mnz 
local oscillator in yhase with the in
coming carrier by controlling t~e 
phase of the 5 MHz NCO output which 
is mixed to produce the local oscilla
tor. The symbol synchronization sec
tion keeps the symbol clock synchron
ized with the symbol periods of the 
incoming baseband signals. The auto
matic gain control (AGC) controls the 
amplitude of the baseband signals being 
sampled by the analog-to-digital con
verters. The lock detection provides 
a positive indication when the pro
cessor is syncnronlz~a Lo a legitimate 
data transmission. The transmit sec
tion consists of a scrambler to ensure 
a sufficient rate of symbol state 
changes and an encoder to resolve the 
ambiguity that derives from the rota
tional symmetry of the symbol vecto;:-s 
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in the I-Q plane. (See detailed explan
ations below). The decoder and descram
bler in the receive section provide the 
inverse functions of the encoder and 
scrambler. 

The input to all of the algorithms 
of the baseband processor is the series 
of 6 bit digital samples of tne analog 
baseband signals of the I and Q channel& 
The baseband signals are sampled eight 
times per symbol period. One of the 
eight samples occurs in the middle of 
the symbol period. This is the symbol 
sample. It is a digital measure of the 
symbol level which is decoded by the 
symbol detect circuitry. The four lev
els of a perfect baseband signal produce 
digit~l values of +24, +8, -8, -24 for 
the +3, +1, -1, and -3 levels res~ec
tively. 

To understand the algorithms of the 
baseband processor, it is best to visua
lize the state of the baseband signals 
as one of 16 vectors in the I-Q plane 
(See Figure 5) . For example, if tne 
I level is +3 and the Q level is +1, 
then the corresponding vector points 
from the origin to the point in the low
er right hand corner of the (+,+) quad
rant. Its phase is tan- 1 (1/3). 

The carrier sync;1.ronization algori
thm compares the phase angle of the ob
served symbol vector with the pnase of 
the expected ideal vector for the cur
rent symbol. For example, if the I 
and Q symbol samples are +27 and -6 re
spectively, tne level detect circuits 
will detect (I ,Q) equals ( +3, -1) and 
the carrier synch circuitry will comoare 
tan-1 (-6/+24) to tan-1 (-1/+3). Thedi~ 
ference is scaled and used to contJ·o} 
the phase of the 150 MHz local osc::_l
lator. The resulting phase-locked loop 
has a loop noise bandwidth of 50 l'J-{z 
and a damping factor of 0.6. It is 
a perfect second-order loop. 

The symbol synchronization algorithm 
is pictured in ?igure 6. Samples of 
ti1.e I channel baseband are summed from 
the center of one symbol period to t:1.e 
next. If a symmetrical transition 
(i.e., +1, to -1, -1 to +1, +3 to -3, 
or -3 to +3) occurred during that time the 
result snould be zero. If the result 
is noc zero, then t~e of the sum, 
aLong with the direction ot the transi
tion, indicates w~ether the symbol cloc~ 
is lagging or leading tne received sym
bol rate. If a number of successive 
measurements indicates ti-,e sc>.me direc
tion of clock phase error, a threshold 
detector will adjust the symbol rate. 
The symbol clock is generated by the 



most significant bit of a 4-bit count
er that is clocked at 16 times the 
symbol rate. A lagging clock is ad
justed by decreasing the count per 
symbol period to 15 for one period. 
A leading clock is adjusted by in
creasing the count per symbol period 
to 17 for one period. 

The automatic gain control com
putes the difference between the abso
lute value for the symbol sample and 
the absolute value of the expected 
ideal sample value. This difference 
is accumulated for 16 symbol periods. 
The result is summed with the current 
gain control level to change the gain 
of the variable-gain amplifier. 

The lock detection circuitry com
putes the same difference as the AGC, 
but accumulates the absolute value 
of this difference for 16 symbol per
iods. If the result is less than a 
lower threshold, a 3-state counter 
(i.e. counts 0, 1, and 2) is incre
mented. If the result is greater than 
an upper threshold, the counter is 
decremented. wnen the counter trans
itions from 1 to 2, the lock indica
tor is turned on. If the counter 
transitions from 1 to 0, the lock in
dicator is turned off. 

The 4-bit symbols are encoded 
as shown in Figure 7 [12]. The upper 
two bits are encoded differentially 
by indicating the chanse in quadrant 
from the previous symbol. The lower 
two bits are coded by position with~n 
the quadrant. The differential encod
ing is necessary because the demodula
tor cannot distinguish among the four 
phases of the carrier. For example, 
if the previous transmitted vector 
was in the (+,+) quadrant and the cur
rent data is 0110, then the encoder 
will cause a (+1, -3) vector to be 
transmitted. The receiver may distin
guish any of the following combina
tions: 

Previous 
Quadrant 

(+,+) 
(+,-) 
(-,-) 
(-,+) 

Current 
Vector 

(+1,-3) 
(-3,-1) 
(-1,+3) 
(+3,+1) 

Quadrant 
Change 

+90° 
+90° 
+90° 
+90° 

In all four cases, the correct data 
(0110) is decoded. 

The scrambling algorithm [17] 
is essentially an exclusive OR combi
nation of the 20th previous, 3rd prev
ious, and current data bits. In addi
tion, the polarity of the output is 
inverted whenever four consecutive 
8-bit output sequences are identical. 
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CONCLUSION 

The design of the 6402 High Speed 
Modem was accomplished using state-space 
simulation techniques for performance 
verification. Each of the elements in 
the receiver and modulator were modelled 
and tested completely prior to the hard
ware development. Laboratory tests have 
provided further verification using 
Scientific-Atlanta's 400 MHz headend 
and distribution system. The frequency
agile point-to-point modem represents 
a strong choice for high-speed communi
cations over cable, with its bandwidth 
efficiency maximizing the spectral uti
lization of the coaxial cable system. 
The modulation scheme, QASK-16, select
ed for the 6402, is an excellent com
promise between bandwidth efficiency 
and performance without leading to pro
hibitive manufacturing costs. Through 
novel design the 6402 achieves 2b /Hz 
spectrum efficiency using reliable, 
low-cost components. 
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