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Ineration of Synchronous Data Transmission  Signals 
Digital  Echo  Modulation 

Abstract: This  paper  shows  the basic similarities among  various data transmission techniques.  It generalizes the  concept of how the 
signal element serves  as a unifying feature of various  modulation schemes.  The  present  approach  permits  an  extension of the digital 
echo modulation  technique, originally introduced by A. Croisier  and J-M. Pierret,  to  cover most of the cases of digital data transmission. 
The practical  application of digital echo modulation to  the design of modems is discussed  and examples of digitally implemented  modem 
transmitters  are given. 

Introduction 
The  present  trend in data transmission is to  use large 
scale integration to  decrease  both  the size and  cost of 
modems. This objective  clearly  calls for replacing  ana- 
log signal processing by digital techniques. A significant 
problem  in  this respect is to define new signal process- 
ing techniques that  are well adapted  for digital imple- 
mentation. 

In a recent  paper[l], A. Croisier  and J-M. Pierret 
described a new approach called digital echo modulation, 
which permits  the realization, by digital means, of vari- 
ous filtering and  modulation  functions  in a modem trans- 
mitter. This  approach is based  upon the  use of a signal 
element that  is  the impulse response of a  generalized 
Nyquist filter[2, 31. 

Croisier and Pierret defined this signal element  as 
being 

They  have shown that, by assigning this signal element 
to  the  input  data by  means of the  proper algorithm, digi- 
tal echo modulation could produce signals similar to 
those of single sideband and  phase modulation and could 
lead to  an efficient implementation  with digital circuits. 
This  approach,  however, is restricted  to a certain  class 
of phase-modulation and single-sideband signals and ap- 
plies only when  the  carrier  frequency  and  the signalling 
rate  have  some definite  relationship. 

The  purpose of the  present  paper is to  describe  an 
extension of digital echo modulation  and to give  exam- 
ples of digitally implemented  modem transmitters  that 
utilize  this  technique. 

We shall show how digital echo modulation can be ex- 
tended to cover most of the practical cases of synchro- 
nous  data transmission  through phase modulation, single- 
sideband  modulation, frequency modulation or a  combi- 
nation of any of these with  amplitude  modulation. It will 
also be shown  that, with the new extension of digital 
echo modulation, the  restrictions  on  the relationship 
between  the  carrier  frequency  and  the signalling rate 
are much less  severe  than in the initial scheme, so that 
the newer technique can be  used in most of the practi- 
cal cases of modem transmitters. 

In this paper,  we first briefly review the various  linear- 
modulation schemes  and  their decomposition into signal 
elements. The practical use of signal elements  for  de- 
signing modem transmitters is then discussed.  Finally 
it is shown how the digital echo modulation technique 
can  be  extended  to  cover  most of the  cases of digital 
data  transmission,  and practical  examples of phase-shift 
keying,  vestigial-sideband and frequency-shift-keying 
digital echo modem transmitters  are given. 

Linear  modulation 
High-performance data transmission systems  are usu- 
ally synchronous  and  are designed in such a  way that 
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data  can be recovered in the  receiver  at regularly spaced 
intervals. At  those sampling times, the received signal 
is sensed  for its  amplitude, phase and frequency. Dis- 
crimination  among  a discrete  set of possible  amplitudes, 
phases  or  frequencies permits recovery of the  data.  This 
scheme  assumes  that  there is no intersymbol  interfer- 
ence,  or  at  least  that  there is controlled  intersymbol 
interference, if the  transmission is to  be  error-free in the 
absence of noise. As pointed out previously[ 1 ,  41, the 
linear filtering and modulation  functions  performed in a 
modem transmitter  can  be viewed as  produced by a set 
of elementary signal generators.  In  the following we 
shall briefly review the usual  modulation schemes  and 
show more  precisely how they can be decomposed  into 
a set of elementary signals called signal elements. 

Let us consider  the  elementary modem transmitter 
shown in Fig. 1. In  such a modem, where  the signalling 
interval is T ,  the input data is a sequence of impulses of 
amplitude ai at sampling  time iT. After low-pass filter- 
ing with  a filter G ( w ) ,  this signal is product modulated 
with a carrier of angular frequency w, and  phase p. 
The resulting  amplitude-modulated suppressed  carrier 
(AMSC) signal is then  band-pass filtered with filter H(w) .  
This line signal e(t)  represents  either a  double-sideband or 
a vestigial-sideband  modulated  signal,  depending  upon 
the  particular  characteristics of the post-modulation 
filter. 

Assuming the impulse responses of G ( w )  and H ( w )  are 
respectively g(t)  and h(t), e(t) can be expressed  as 

where * is the symbol of the convolution product,  and 

The line signal e(t)  can  be  decomposed into a sum of 
elementary signals with 

or 
a,.. 

I=-m 

where 

Figure 1 Elementary  transmitter. 

Figure 2 Signal element  generator. 

It is clear from (4) that  the  data  transmitter of Fig. 1 is 
equivalent to  that  shown in Fig. 2 in which at  each  sam- 
ple ai of the  data  sequence is associated a signal element 
e i (  t )  delayed by iT. Let us call Ei(w) the  Fourier  trans- 
form of e,([). The modem transmitter can therefore  be 
viewed as a signal element generator in which  a  particu- 
lar signal element e,@) is associated with each sampling 
time iT.  

The  duration,  shape  and  number of signal elements 
depend upon the  parameters  that define the  transmitter, 
i.e., line signalling rate 1/T, filter characteristics G ( w )  
and H ( w ) ,  carrier  phase and  angular frequency p and 
0,. From  Eq. ( 3 ,  it can be  seen  that  the signal elements 
are  dependent  upon  the sampling  time iT. This relation 
can  be viewed as  the condition of carrier-phase conti- 
nuity that must be insured  when the  transmitter in Fig. 1 
is replaced by a signal element generator  as in  Fig. 2 .  

Let us now extend  the previous results  to phase-shift 
keying. We know  that  an  N-phase  transmitter can be 
built by summing the  outputs of two  elementary trans- 
mitters of Fig. 1 with identical  filters, where  the  phases 
of the  carrier signals are related as follows: 

p1 = 0 (or pol for  the "in phase"  channel 

cpz = n-/2 (or po + n-/2) for  the channel in quadrature, 

and  the amplitudes of input  impulses are  assumed  to  be 

ui, = K cos @ k ( i )  

ui2 = K sin @ k ( i ) ,  I (7) 
365 e i ( t )  = [ g ( t )  cos(w,t + p + w , i T ) ] *  h ( t ) .  ( 5 )  
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Modulator 

Figure 3 Phase-shift-keying transmitter. 

where K is a constant  factor, k is an integer  and 1 5 k 5 
N, and @ k ( i )  the  carrier phase shift at sampling time, iT 
being the information-bearing parameter. 

Applying (4) and ( 9 ,  the line signal e( t )  of Fig. 3 be- 
comes 

e ( t )  = aileil ( t  - iT) + E ai2ei2 ( t  - X ) ,  (8) 

where eil  ( t )  and e i 2 ( t )  are  the signal elements for each 
modulator as defined by (5) .  Using (6) we can write 

e i , ( t )  = [ g ( t )  cos (wet  + w , i T ) ]  * h ( t )  (9) 

e , ( t )  = - [ g ( t )  sin (w,t + w , i T ) ]  * h ( t ) .  (10) 

Introducing (7) and assuming K = 1, e( t )  becomes 

+m +m 

i=-= 1 = " m  

e ( t )  = { g ( t  - iT) cos cos [ w c ( t  - iT) 
1 = " m  

+ o,iT] } * h ( t )  

+m 

= E { g ( t  - iT) sin @ k ( i )  sin [ w e ( [  - iT) 
1 = " m  

+ o,.iT]}* h ( t )  ( 1  1) 
or 

e ( t )  = E { g ( t  - iT) cos [ w c ( t  - iT) 
+m 

i=" (12) 
+ @ j ( ( i )  + wciTI}* h ( t ) ,  

which may be written  as 

where 

e i , j ( t )  = [ g ( t )  cos (wct  + Qj + o,iT)] * h ( t )  (14) 

with 

a. . = o  
2 3 3  f o r j  # k . 

ai,k = 1 I 
Equations (13 )  to (15) mean that a conventional  phase- 
shift-keying transmitter  can still be viewed as a signal 
element generator,  as shown in Fig. 3. This  generator 
is designed to send N sets of signal elements  according 
to  the N possible phase shifts. At  each sampling time, 
one among the N possible signal elements is selected 
as a function of the input  data. It should be noted that 
this phase-shift-keying modulator  uses the  same basic 
signal elements as  the  AMSC and VSB transmitters. 

The particular case of a  frequency-shift-keying  trans- 
mitter, called a linear F S K ,  can be treated by using 
the  same signal elements as  for amplitude  and phase 
modulation. 

We shall again restrict  ourselves  to linear modulation 
and shall consider a binary  frequency-shift keying scheme 
in which the  carrier can take  one of two  possible angular 
frequencies wM or ws at sampling times. 

This  case  has been treated by Sunde[5]  who has shown 
that when the frequency  shift is equal to  the signalling 
rate, an FSK transmitter that satisfies Nyquist require- 
ments could be built. 

As pointed out by Sunde[S], the frequency-shift-keyed 
signal can be written as 

e ( t )  = sin wDt sin (wct  + 0) + s l ( t )  cos (w,t + 0) (16) 

At sampling points t = iT, wDiT = in-. In this case 
Bennett and Davey[6]  have  shown  that  the instanta- 
neous angular frequency  deviation w(t )  from midband 
becomes 

w ( i T )  = (-l)i+' ~ 

O D  

s , ( i T ) '  

Let us write s1 ( t )  as 

s , ( t )  = x (-1)i+' aig(t  - iT), 

with ai = 2 1  in the  case of binary  transmission. 

symbol  interference, 

g ( i T )  = 0 for i # O  

and g ( 0 )  = 1.  

+m 

i=" 

Assuming g ( t )  satisfies the requirements for  zero inter- 
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Under  these conditions, the  frequency deviation at sam- 
pling times becomes w ( i T )  = a&, which satisfies the 
conditions for  FSK transmission  without intersymbol 
interference. The frequency-shift-keyed signal can there- 
fore be  written  as 

e ( t )  = sin wdf sin (o,.t + 0) 

+ 2 (-l)’+’a,g(t- iT) COS (w,t + 6’). (17) 
[, 

I=-m 1 i =+m 

The first term of (17) corresponds  to  two  tones  trans- 
mitted  respectively at  mark and space  frequencies.  The 
second  term of (17) represents a double-sideband  sup- 
pressed-carrier modulator. This  means  that  an FSK  trans- 
mitter as defined by Sunde can be  reduced  to a generator 
that  produces  two  tones  and signal elements e,(t) such 
that 
e,( t )  = g ( t )  COS (wet + 6 + o , i T ) .  

The  two  corresponding implementations are  shown  re- 
spectively in Figs. 4(a) and 4(b). 

Signal elements 
We have pointed out in the preceding  section that linear 
amplitude, phase  and  frequency modulation schemes  can 
be  decomposed  into a set of elementary signals e,(t) called 
signal elements. More precisely,  a  modem transmitter 
can  be viewed as a signal element generator.  This gener- 
ator assigns to the  data  the signal elements  required to 
characterize  the various  modulation and filtering func- 
tions to be  performed. In this approach,  the filters and 
modulators  used in a  conventional  modem transmitter 
are replaced by a memory that  stores  the  set of signal 
elements. Logic circuitry  allows one  to  fetch  and combine 
the signal elements  as a function of input data according 
to  the algorithm that  characterizes  the modulation 
(Fig. 5). 

This  approach  is useful in pointing out  the basic sim- 
ilarities among  various  modulation schemes usually 
viewed as fairly different[l2].  The  interest of this  ap- 
proach  however is not purely theoretical  because it sug- 
gests a  new way of implementing  modem  transmitters. 

Such a transmitter is realizable and could be  entirely 
implemented in digital circuits, thereby leading to an at- 
tractive  LSI design provided the  number of signal ele- 
ments  stored can be  kept reasonably small. This require- 
ment means  that  the  transmitter must be designed so as 
to need as  few signal elements  as possible, and  the signal 
elements must  be  time  bounded. 

Let us first show now that  the  total  number of required 
signal elements  can be kept very small if certain  relations 
between  the signalling rate  and  the line-signal center 
frequency  are  respected. 

We  have  seen in the preceding  section that  at  each 
sampling  time iT ,  the  transmitter must generate  one  or 
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( b )  
Figure 4 FSK transmitter, (a) Sunde’s model of FSK trans- 
mitter  and (b) Equivalent Sunde’s model. 

Figure 5 General scheme of digital  transmitter. 

Signal 
element 

several signal elements e,(t). In  the  case of N-level  dis- 
crete modulation,  a  maximum of N signal elements must 
be  stored  for  each sampling  time. 

In  the general case,  the signal elements corresponding 
to a  given  sampling  time are different from  those required 
at  other sampling times. However,  the  number of differ- 
ent signal elements is finite if the following relation exists 
between  the sampling rate 1/T and the angular frequency 
a,: 

wJ = with P and Q integers. 
2rr Q (18) 

In this case,  the signal elements  corresponding  to a 
given data value are a periodic  function of the sampling 
time iT as  shown by the basic definition formula 367 
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Figure 6 Frequency  spectra of generalized  Nyquist-type  sig- 
nal elements. 

e , ( t )  = [ g ( t )  cos (oct + cp + w,iT)] * h(r ) .  (5) 

The second  condition for a finite storage  capacity  is 
that e,@) be time limited. This  requirement  leads  one  to 
approximate  the ideal spectrum by using finite signal 
elements  that  are  derived  from  the  “theoretical” signal 
elements of infinite duration by using a truncating win- 
dow[7]. The  storage  requirements  for  such signal ele- 
ments may be in practice  extremely limited. 

In many practical  cases,  the filters in the modulation 
channels can be  reduced  to a simple  low-pass filter and 
the  center  frequency f c  of the modulated signal can  be 
related to  the line signalling ratef, by the following equa- 
tion: 

2fc = kfv, 

where 

k = 1, 1.5, 2 ,  * * ., (1 + M/2) 

and 

f c  = oc/2.rr. 

In  those  cases  we shall show in the  next  section  that  the 
Figure 7 Digital  generation of the cosine and sine signal  ele- modem transmitter  can be built by using only two signal 
rnents ( k  = 2).  elements e,@) and e#), which are orthogonal in the time 

Amplitude el ( t )  t domain. These signal elements  are 

These functions will be  referred  to in the following dis- 
cussion as  “cosine”  and “sine” signal elements. With 
these  two signal elements  the  results of Croisier and 
Pierret[l] can  be extended  to half-integer values of k.  
Cases corresponding to  the  other values of k that comply 
with Eq. (18) are feasible but would require  more  than 

Time two signal elements. These  cases will not  be treated in 
this  paper. 

Comparing  these  two signal elements with the general 
expression given  by 

Amplitude 

t 
e,(?) = [ X ( ? )  cos (act + cp + o, iT)]  * h ( t ) ,  ( 5 )  

we see  that H ( o )  = 1 and 
( C )  sin (rf\,t) 

, f, 1 ’f, 3f, 4f, 5f, 
g ( t )  = ( = g,( t )  x ( t ) .  

Frequency nfd 
L f N i  =kfN12 = kfN The  Nyquist signal element g,(t)[l,ll] satisfies the 

condition of no  intersymbol  interference g(iT) = 0 for 
1 # 0 (where T = l/fv). Its  Fourier transform G,(w) is 

Multiplication of g,(t) by a truncating window x(t) of 

+ ”- 
( d ) Low-pass Signai element - a  rectangular spectrum extending  from f = 0 to J J 2 .  

368 generator filter 
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finite duration allows to obtain  a  realizable signal ele- 
ment g ( t )  with no intersymbol interference  at sampling 
times. 

In  the  frequency  domain,  the  process  described  above 
corresponds  to  the convolution G(w) = G,(o) * X ( w ) ,  
which  widens the  frequency  spectrum of G,(w). In  prac- 
tice, we have a smooth roll-off rather  than a sharp  tran- 
sition at  the edge of this spectrum  and  some residual 
components  at high frequencies. 

The  choice of x( t )  is essential  in  obtaining the  best 
compromise  between  the signal element extensions in 
time and  frequency domains. 

The signal elements el(?) and e,(?) can be  considered as 
low-pass filter responses modulated  by two orthogonal 
carriers. This  corresponds  to a  “band-pass’’ spectrum 
with  symmetrical roll-off. For  each permissible k with a 
given J%?, there is a corresponding  frequency  spectrum 
shown schematically in Fig. 6. Elements el(t) and e,(t) 
are  shown respectively in Figs.  7(a)  and 7(b) for k = 2 .  

The  cases  discussed in  this paper  can be seen  as a 
generalization of those  presented by Croisier  and  Pier- 
ret,  where only signal elements e , ( [ )  and integer  values 
of k are used. 

The design of digital echo modems will call for  gener- 
ating the signal elements el(t) and e&) in the modem 
transmitter.  These signal elements  can  be  stored  and gen- 
erated in a  number of ways, either by  purely digital 
means  or by  pulse  amplitude  modulation (PAM).  In  the 
case of a  purely digital implementation, the signal ele- 
ments can be encoded,  for  instance, by  pulse code modu- 
lation (PCM) or delta modulation (AM). 

We shall present  here  the  PAM  approach  for gener- 
ating el(?) and e,(t). By definition, these signal elements 
have an upper  frequency limit well below 2fc. They  can 
therefore be  entirely defined by amplitude  samples taken 
at  the  rate 4fc. Entering the samples into a  low-pass filter 
with cutoff frequency 2fc will permit exact  reproduction 
of signal elements. 

Figure 7  illustrates the  process. I t  shows  that  the spec- 
trum of the pulse  train contains  that of the desired signal 
plus an infinity of side  lobes around 3fc, Sf, . . .. The low- 
pass filter removes  these side  lobes. 

This  process  has been called “digital echo modula- 
tion” because  the pulse train may be  considered as a cen- 
tral “data” pulse with added  echoes.  This method of sig- 
nal element  generation is particularly efficient because 
the pulse trains may be  obtained with very accurate tim- 
ings and amplitudes. 

The truncating  problem  has been  treated by Croisier 
and  Pierret[l]  for  the  case of the  cosine signal element 
e,(?) and k = 2 .  Figure 8 shows the out-of-band attenua- 
tion obtained in this case  as a function of the  number of 
echoes  for various  conditions of “excess  bandwidth” 
over  the ideal Nyquist  case.  It  can be seen  that  the  Ny- 
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Figure 8 Number of echoes necessary for a given filtering 
performance of “basic modems”. 

quist limit can  be  approached  very closely  with a limited 
number of echoes. 

Digital  echo phase modulation 

Two-phase  modulation 
Let us consider again the  transmitter  shown in Fig. 1. 
Such a transmitter is a two-phase modulation transmitter 
provided H ( o )  = 1 within the transmission band.  In  the 
case of binary  transmission, the incoming data signal is 
sampled to  generate a sequence of impulses  a&(t - X )  
at signalling rate  1/T.  Each impulse has  an amplitude +1 
or -1 and  represents  one bit of the  data  sequence. 

Let us assume now that G(o) is a low-pass filter with 
symmetrical roll-off around  the  Nyquist  frequency 
fv/2 = 1/2T. Its impulse response g(t)  can be written as 

Referring to ( 9 ,  the signal elements become 

We  have defined in the previous  section two kinds of 
signal elements  that  correspond  to  the  cases  where 
2fc = kfv .  Assuming that  the  phase of the  carrier is zero, 
we have 

For integer  values of k ,  with k = p ,  we have: 

and  for fractional  values of k ,  with k = p + 112, 

It  can now be  seen  that,  not considering the sign, the  set 



I ’ I ~ I  re 1 Two-phase modulation  algorithm  with k integer. k = p .  
.” 

Bit  number i 
I T ~ J  t bit -2 - 1  0 + 1  +2 +3 
. .  

Table 2 Two-phase modulation  algorithm  with k fractional. 
k = p + 112. 

Bit  number i 
Input  bit -2 - 1  0 + 1  +2 +3 

Figure 9 Digital  “basic” signal element ( k  = 2) .  

T l   T 2  T3 7-4 T l  T4 T l   T 4   T l  7.4 
I I I I I I I I I I I I I I I I I I  

1 
3 

0.1 0.1 
n ” n 

i _I 

- 0.6 -0.6 

Clock 

of signal elements  reduces  to only two signal elements 
e , ( t )  and e&) with 

e , ( t )  = x ( t )  ~ 

sin r fVt  
COS kn-fNt 

7i- fNt  

I he two-phase  modulation scheme of Fig. 1 is there- 
furc equivalent to sending at  each clock  period T either 
OIIC of the  two signal elements el(t) or e,(t)  with a polar- 
ity that  depends upon the input data  and  the sampling 
tillle. More precisely, the encoding  algorithms for integer 
arid fractional  values of k are given respectively by Tables 
1 and 2. 

A practical design of the digital echo two-phase modu- 
lator is now  straightforward: the filters and modulators 

370 i l t  tlte conventional  approach  are replaced by a  simple 

pulse-train generator  that  generates  the sampled  repre- 
sentation of the  two signal elements el(t) and e2(t). In 
the  case of k = 2, each signalling period is divided into 
one bit interval,  one  echo interval and  two idle intervals. 

During  the bit  time T ,  and  the  echo time T,, the signal 
amplitude is given  by  a  particular weighting of the bits 
contained in a shift  register. During idle times T ,  and T, ,  
the signal amplitude is forced to  zero  because of timing 
pulses. At  the  end of the signalling interval, the  data  is 
moved one bit in the shift  register and  the  sequence is 
resumed. The  encoder can  easily  be  designed in such a 
way that  the weighting resistors  are  never idle. This de- 
sign allows one  to avoid using analog switches  and  to 
drive  the weighting resistors directly by the logic levels. 

Practical implementation of a two-phase  modem trans- 
mitter  for k = 2 is  shown in Fig. 10. Because k is  an in- 
teger,  the modem transmitter  can be built by using a 
single signal element,  as  represented in its sampled form 
in Fig. 9. In  the  case of the  PAM implementation, the 
precision of the weighting resistors in Fig. 10 depends 
on  the desired  out-of-band  rejection and  the  accuracy 
on  the  carrier  phase.  In  practice,  for  30 to 40 dB out-of- 
band  rejection and  up to 8-phase modulation, an  accuracy 
of about 1 percent  on  the  resistors  is required. 

It should be noted that  the low-pass filter connected  to 
the  output of the  encoder  has  the sole purpose of elim- 
inating the  upper side  lobes of the  data  spectrum. Be- 
cause  the first and  second  lobes  are  spaced wide apart, 
this filter is not  critical for  the modem operation  and can 
be  made very  simple and inexpensive. The  transmitter 
of Fig. 10 could,  for  instance,  encode a 1800-bps data 
signal into a two-phase modulated signal centered  at 
1800 Hz with  a Nyquist bandwidth  (bandwidth etween 
6 dB points) of 1800 Hz. Effective bandwidth, ,defined 
as  the bandwidth between 40 dB  points, is about 2700 H z  
(Fig. 8). 

If the  transmitter had  been  implemented  with three 
pairs of echoes,  the bandwidth between 30dB points 
would have  been  2250 Hz. 

It should be noted that  the  encoder  generates pulses 
of finite duration iT instead of impulses. This  results in 
a distortion of the  data  spectrum by a factor of AV) = 
sin 71-f TJ71-f T i .  This amplitude  distortion is moderate  and 
correction is easily  made. (For k = 2, the “6 dB” points 
are changed to 5.28 and 7.2 dB relative to midband.) 
This distortion can  be  compensated  for by an appropri- 
ate filter in the  receiver.  It  can  also  be  compensated by an 
appropriate  predistortion of the signal elements e,( t ) ,  
which can  be practically achieved through a small mod- 
ification of the  encoders of Fig. 10. 

N-phase modulation 
Digital echo modulation  can  be extended easily to  cover 
the  cases of N-phase modulation. As shown previously, 

# 
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Figure 10 Two-phase  transmitter ( k  = 2 ) .  

an  N-phase modulator  can  be built by adding the  outputs 
of N elementary two-phase  modulators  operating with 
carrier  phases ‘pl, ‘ p z  . . . v,~, respectively. If Q signal 
elements  are required for  one  channel,  Eq. ( 1  8), N Q  sig- 
nal elements will be  required  for an  N-phase modulator. 
In  practice,  the number of signal elements  that  have  to be 
generated may be significantly reduced  by  properly se- 
lecting the  ratio  between  the  carrier  frequency and the 
line signalling rate. In  the  case of equally spaced  phases, 
the  number of signal elements  reduces  to  the  least com- 
mon multiple of N and Q. Instead of storing NQ signal 
elements corresponding to  the N different carrier  phases, 
it  is often  less expensive  to  store only 2Q signal elements 
corresponding  to  two orthogonal channels  from which 
the N Q  signal elements  are derived. In  the following, we 
shall restrict  ourselves  to presenting  this approach in 
the  case of the PAM implementation. 

The signal elements  can be  written as 

e , ( t )  = x ( t )  ~ 

sin rfVt 
cos (o,t + cp + o,iT).  

As pointed  out  previously,  the  modem transmitter will 
store only two  sets of orthogonal signal elements e,,(t) 
and e&), one  for  each of the  two orthogonal channels: 

and  (24) 

Under  these  conditions, a signal element e,@) with car- 
rier phase ‘pj will be  derived  from e, ,([)  and e,,(t) by  per- 
forming the  operation 

ei ( t )  = ei,  ( t )  cos ‘pj - e?. ( t  ) sin ‘pj. (25) 

Let us now apply  this approach  to  four-phase modula- 
tion. In this case,  the input data  sequence can  be divided 
into  two interleaved data  sequences ai and bi with each 
data  sequence  corresponding  to  one of two orthogonal 
channels.  In  the  case of a  modem with no delay between 
the  two orthogonal channels, we will assign one  out of 
four signal elements  to  each dibit aibi and  the line sig- 
nalling ratef, = 1/T will be one-half of the  data signalling 
rate. Since  the  phases of the  four signal elements must 
be 7~12 apart, e,(t) can  be  derived  from e, , ( t )  and e&) by 
encoding the binary data  as 

Introducing  the relation 2fc = kf, and using the defini- 
tion of e ,  and ez in ( 2 3 )  with  integer  valued p ,  we  get 

ei,  ( t )  = (-1 )Piel 

ei2 ( t )  = (-1 

with k = p .  and 

e,, ( t )  = - (-1 )”‘ez 

eC2( t )  = (-l)Piel. 

with k = p + 112. 371 
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Figure 11 Digital signal elements ( k  = 3 ) .  

A practical  implementation of a four-phase modulation 
transmitter can now be derived. Let us assume 2fc = k f ,  
with k = 3. Such a case  corresponds  for  instance  to  that 
of a transmitter which operates  at 2400 bps with a carrier 
centered  at 1800 Hz and a Nyquist bandwidth  (6-dB 
points) of 1200 Hz (one of the  two  standards recom- 
mended by the CCITT  for  2400  bps transmission). Un- 
der  these conditions the orthogonal signal elements be- 
come 

e , ( [ )  = ( - l ) i x ( t )  ~ 

sin rf,t 
sin 3rrf,t. 

n . v t  

It is apparent  from  (26)  that only two signal elements  are 
required in the modem transmitter if the polarity of every 
other dibit is reversed in the  encoder.  The  cosine  and sine 
signal elements e,(t) and e,(t) are shown in their sampled 
form on Fig. 1 1. I t  should be noted that  the  echoes of 
the  two signal elements  are  interleaved, so that  the de- 
sign of the  encoder is relatively simple. The practical 
implementation is shown in Fig. 12. It is very  similar to 
that of a two-phase  modem  and therefore  needs  not be 
discussed  further. 

The flexibility of the digital echo modulation approach 
can be  further illustrated by examining the  case of eight- 
phase modulation. In this case,  the input data  sequence 
must  be  divided into  three interleaved data  sequences 
ai ,  b,, ci. At each sampling time iT ,  one  out of eight sig- 
nal elements n-/4 apart  must  be  generated in accordance 
with the  particular combination of ai, bi ,  ci and  the line 

signalling rate f\, will be one-third of the  data signalling 
rate. 

As in the  case of four-phase modulation, we shall pre- 
sent  here only the  approach based  upon the use of two 
orthogonal sets of signal elements e, ,@) and ei2(t). 

The eight signal elements can  be generated with the 
two orthogonal signal elements e,,(?) and e,,(t) provided 
each of these signal elements  can  take  two different am- 
plitudes. In  the  case of binary  transmission,  with a,, bi 
and ci being k1, the  reader may  easily verify that  the sig- 
nal elements  can  be  derived  from e, , ( t )  and e,&) by en- 
coding the binary data as: 

e i ( t )  = [biei ,  ( t )  + ciei,(t)] cos - + sin - ( x  ") 8 

+ [aibie,, ( t )  - aiciei2(t)](cos + sin - . (27) 

Let us now consider  an eight-phase  modem transmitter 
with 2fc = kfv and k = 2. This would, for  instance, cor- 
respond  to a  modem  operating at  4800  bps with a carrier 
centered  at  1600 Hz and a Nyquist bandwidth (6 dB 
points) of 1600 Hz. Under  these conditions, the signal 
elements  become 

3T "1 8 

e i , ( t )  =x(?) ___ 
sin v fNt  

TfNt 
cos 2n-fvt 

which shows  that only two signal elements  are required 
in the  transmitter.  These signal elements  are  represented 
in Figs.  7(a)  and 7(b). 

The practical  implementation of the  transmitter is 
shown in Fig. 13. The  input  data  stream is divided by 
logic circuits into  two  sequences according to (27). These 
two  sequences  are  encoded  separately by sine and  cosine 
encoders similar to  those  described  for two-phase and 
four-phase modulation. The eight-phase signal is ob- 
tained  by  summing encoded  sequences b,,ci and a,bi, 
--aici weighted  respectively by cos ( n - / S )  + sin (.rr/8) = 

1.307  and cos (n-/8) - sin (n-/8) = 0.541. 

Digital  echo  vestigial-sideband modulation 
As already  mentioned in the section on linear modula- 
tion, vestigial-sideband  modulation is a case of amplitude 
modulation with a  particular  shaping of the  post modula- 
tion filter H ( w )  (Fig. 1). In  the  case of a  vestigial-sideband 
system with symmetrical spectrum,  the filtering process 
caused by H ( w )  is shown  on Fig.  14: the  baseband signal 
with cut-off frequency f, is double-sideband  modulated 
around a carrier  frequency f,. The  upper  or  lower side 
lobes are removed  by the post-modulation filter H(w) .  
The filtering results  into a  symmetrical  vestigial-sideband 
spectrum with center  frequency f c  = f ,   k f v / 2 .  

:HOQUET  AND H. J. NUSSBAUMER IBM J .  RES.  DEVELOP. 
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Figure 12 Four-phase  transmitter ( k  = 3 ) .  
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Figure 13 Digital  eight-phase transmitter. 

Figure 14 Double sideband and VSB spectrums. 
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Let us select  the  lower  sideband fe = f ,  -J,,/2. Under 

these  conditions,  the double-sideband signal element 
can  be  written from (5 ) :  

where  the first two  factors  represent  the low-pass  re- 
sponse g ( t )  and p = p,, + 2irf0T, p,, being the  carrier 
phase  and 1/T = 2iv the signalling rate. 

Since G(o) and H ( o )  are  both  real,  and with the  as- 
sumption that  both  have  the  same roll-off factor x(t), the 
VSB filtered signal element is given by 

e , ( t )  = e,(t) * h ( t )  = x ( t )  ~ 

sin n&t 
cos (2r fc t  + p) (29) 

rid 

374 with p = po = 2irTf,. 
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Table 3 VSB signal element assignment with k odd = 2p  + 1. 

Bit fa = -2 -1 0 +I +2 +3 
vulues i = -2 -1 0 +1 +2 +3 

mThe time  unit  is  the reciprocal of the binary data rate. 

Table 4 VSB signal element  assignment  with k even = 2p .  

Bit t a = - 2  -I 0 +I +2 +3 
values i = -2 -I 0 +I  +2 +3 

0 +e, (-1)pe, -e, (-l)pe, +e, -(-lPe, 
1 -e, ( -1)pe,  +e, -(-1)pe, -e, (--lPe, 

T h e  time  unit  is the reciprocal of the binary data rate 

Table 5 Four-phase signal element assignment  with any 
integer  value of k .  

"The time unit is the reciprocal of the hinary data rate. 
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Introducing f ,  = f c  + f J 2 ,  the VSB signal element 
can be rewritten as: 

e i ( t )  = x ( t )  
sin 2n-fNt 

2"fd 
cos (27Tf0t + cp) 

sin 2rrfNt 
+ x ( t )  "fNt 

sin ( 2 ~ f , t  + cp).  

It can then easily  be verified that  synchronous demodu- 
lation (multiplication and removal of the  upper  frequency 
components) of ei(t - iT )  by the  carrier cos(2nf0t + cp,) 
yields the  expected  baseband  Nyquist  type signal element 

g ( t  - i T )  = x ( t  - iT) 
sin2rfN(t - i T )  

2nfV ( t  - i T )  ' 

We now introduce 2fc = kfv and  the signal elements 
(29)  become 

e , ( t )  = x ( t )  ~ 

sin nfvt 

".d 
krKvt + q0 + i ( k  + 1 ) -  . (30) "I 2 

If we want to  have only one or two different signal ele- 
ments (one  sine and one cosine), we must choose  an inte- 
ger  value of k ,  and assuming the  phase of the  carrier is 
zero, we have 

e , ( t )  = (-1)i@+')x(t) ~ 

sin n&t 
COS kn-fNt 

"Jd 

for  odd values of k,  (k = 2p  + l), and 

e , ( t )  = (-1)pix(t) ~ 

sin r fN t  
cos ( k r fN t  + i d 2 )  

"fNt 

for even values of k,  (k = 2p).  

Tables 3 and 4 give the encoding  algorithms for  these 
two  cases, while Table 5 gives, for  the  sake of compari- 
son,  the algorithm for a four-phase modulation of equal 
data  rate and frequency  spectrum.  The signal elements 
el( t )  and e&) are  the  same in all three  cases; they are 
given  by (23) .  

As already  pointed out by Croisier  and  Pierret[ 11, only 
one single signal element is required  when k is odd. 

Practical implementation of a vestigial-sideband trans- 
mitter is very  similar to  that of N-phase modulation trans- 
mitters since in some  cases  the  same signal elements  are 
used. A VSB transmitter  for k = 3 is shown in Fig. 15. 
This  case would correspond  for  instance  to  that of a trans- 
mitter  operating at  2400 bps  with a spectrum  centered 
at 1800 H z  and a Nyquist bandwidth (6 dB points) of 
1200 Hz.  The corresponding signal element is shown  on 
Fig. 1 1 .  It  can  be  seen  that this VSB transmitter  bears 
close resemblance to  the  four-phase  transmitter of Fig. 12 
which operates  at  the  same  speed. 

This result  was to be expected  as  the various modula- 
tion schemes in digital echo modulation use  the  same 375 
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signal elements and differ only in the way these signal 
elements  are assigned to  the  data. 

This  unique  feature of the digital echo modulation 
could make  it possible to build economically  “universal” 
modem transmitters  thanks  to  the elimination of all so- 
phisticated  analog filters in the  transmitter. 

Digital echo  frequency modulation 
It has  been shown in the  section  on linear  modulation 
that  the linear  frequency-shift-keyed  modem as defined 
by Sunde could be  reduced  to a two-phase  modulator 
and a two-tone  generator.  In  the  case of a low-pass filter 
with  symmetrical roll-off around  the  Nyquist  frequency, 
the frequency-shift-keyed  line signal becomes 

e ( t )  = sin 7rf,,,t sin (coot + cp) 
,- 7 

sin n-fv(t - iT) 
7rfN(t - iT) cos (mot + cp). (31) 

The  second  term, which corresponds  to a two-phase 
modulation, can be generated as described in the section 
entitled “two-phase modulation.” Under  these condi- 
tions, if 2fc = kfN, and k = 2, the  transmitter of Fig. 10 
could be considered as  an FSK transmitter operating at 
1800 bps  with  a center  frequency of 1800 Hz and a Ny- 
quist  bandwidth(6 dB points) of 1800 H z  ptovided  two 
tones  are  generated  at  frequencies of 900 and 2700 H z  
with the  proper amplitude. These  two  tones could  be 
generated conventionally. However  it is often more  prac- 
tical to  generate digitally PAM  pulses which,  when  fed 
into  the  transmitter low-pass filter, permit the reconsti- 
tution of the  two  tones.  In this case,  and if the  carrier 
phase p is zero,  the  transmitter must store a  sampled 
representation of 

sin rrf,,t sin kg,,‘. 7r 

Multilevel transmission 
Digital echo modulation can easily  be extended  to  cover 
the  cases of multilevel transmission. This can be  done 
either by storing  in the  transmitter  the signal elements 
corresponding  to  the various  levels or by properly weight- 
ing normalized signal elements during the signal-element 
generation. In  the  case of the  PAM implementation the 
data is distributed to n parallel  pulse  train generators.  The 
outputs of the n generators  are weighted  by the  factors 
1, 2,  4, . * * and summed. The result is a signal element 
with 2” levels,  carrying n bits of information. 

A  particularly  interesting case is that of correlative en- 
coding[8- lo],  such  as  duobinary transmission. Such a 
scheme  can  be implemented by feeding a multilevel dig- 
ital echo modulator with the  output of a correlative 
encoder.  It  is,  however, more efficient to combine the 
correlative  encoder with the digital echo modulator. This 

corresponds  to storing in the  transmitter new signal ele- 
ments. In  the  case of partial response,  the new signal 
elements  are: 

e , ( t )  = [ ( g ( t )  - g ( t  - 2 T ) )  cos (o,t + p 

+ o,iT)] * h ( t ) .  

Because of the additional filtering performed  by the  cor- 
relative  encoding, the signal elements  can  be  represented 
by a small number of samples,  thereby leading to a very 
simple hardware implementation. 

Practical results 
Digital echo modulation has already  been  used for im- 
plementing a number of modems (the IBM  3978 modem 
family). Some  practical results obtained  with  this tech- 
nique have been  discussed  by Croisier  and  Pierret[l] in 
the  case of “cosine” signal elements. Extensive experi- 
mentation and simulation have  shown  that, with a very 
limited amount of digital hardware, digital echo modula- 
tion permitted  the generation of data transmission sig- 
nals with  good accuracy  and stability. 

Conclusions 
Digital echo modulation has  been  extended  to  cover  most 
of the practical cases of data transmission. The various 
linear  modulation schemes  have been  reviewed and  the 
corresponding signal elements  have been derived.  It  has 
been shown  how practical  modem transmitters  can  be 
built by using time  domain representations of those sig- 
nal  elements. 

The initial digital echo modulation has  been  extended 
to  cover all keyed linear-modulation schemes  where  the 
ratio of carrier  frequency  to signalling rate is a  simple 
fraction. 

Since this last limitation is not very severe, many  prac- 
tical  modem transmitters  can now be built by using the 
digital echo modulation  technique. 

Digital echo modem transmitters  can  be implemented 
by storing the signal elements  as  PAM,  PCM  or delta- 
modulation  samples.  With PCM-  or delta-encoded sig- 
nal elements, modem transmitters  can  be built using large 
scale integration. This  makes it possible to design low 
cost multispeed,  multifunction  modem transmitters with 
performance  equal  to  or  better  than  that of conventional 
modems as  far  as bandwidth efficiency and residual  dis- 
tortion  are  concerned. 
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