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Analysis of Digitally  Generated  Sinusoids  with  Application 
to A/D and D/A Converter  Testing 

DONALD L. DUTTWEILER, MEMBER, IEEE, AND DAVID G. MESSERSCHMITT, MEMBER, IEEE 

Abstract-Several  aspects of the design of digital  frequency  synthe- 
sizers are  considered,  and  a  detailed  analysis of the  spectral  purity of 
digitally synthesized  frequencies is given. These  results  are  then  applied 
to a  specific  application:  the  testing of A/D  and  D/A  converters. 

1. INTRODUCTION 

F REQUENCY synthesis,  which is the process of deriving 
one  frequency  from  another reference frequency, is best 

known as a  means for  obtaining  many  synchronous sinusoids 
or clocks. Such signals are required,  for  example, in communi- 
cation receivers and digital communications systems.  A less 
well known application of frequency synthesis is to the  testing 
of  A/D  and  D/A converters  (codecs)  where digitally derived 
sinusoids  are  useful. While the  work  reported here is motivated 
by the  latter  application,  the results are also applicable to  the 
former. 

There are several methods of frequency s y n t h e s i ~ , ~ ~ ~ - ~ , ~  
but this  paper concentrates on digital frequency synthesis1,2 
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in  which the samples of a sinusoid are generated digitally and  a 
D/A converter is used to generate the desired sinusoid. In 
applications of the  type first mentioned above the generated 
sinusoid is the primary  objective, while in the  second,  the 
objective is to test the  operation  of  the D/A  converter  itself. 

Section 2.0 considers several aspects of the design of digital 
frequency synthesizers,  including an analysis of  the spectral 
properties of the  quantization noise. In Section 3.0 we apply 
these results to  the testing of  A/D  and  D/A converters. Ap- 
pendix A supplies  some mathematical details. 

2.0 DIGITAL  FREQUENCY SYNTHESIS 

The set of frequencies  which can be obtained from  a digital 
frequency synthesizer is considered in Section 2.1, and in 
Section 2.2 the problem of obtaining the best approximation 
to a desired frequency with  a given synthesizer complexity is 
solved.  Section 2.3 studies several types of symmetries which 
can be exploited  to reduce the  memory  requirements for stored 
sinusoids (recursive generation  techniques can also be used1). 
Finally, in Section 2.4 the  spectrum of the synthesized signal 
is derived and  formulas are given for the SNR. 

0090-6778/78/0500-0669$00.75 0 1978 IEEE 
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2.1 Structure 

Assume that  a sinusoid A sin ( k f d t  i- 0)  with amplitude A ,  
frequency f d  and phase 0 is desired. We can  generate  such a 
sinusoid by storing digital encodings of  its samples 

x ( k )   = A  sin (2TfdkT + 0 )  (2.1) 

in a  read-only-memory (ROM) and presenting them  at  the rate 

fo = 1/T (2.2) 

for  decoding in a  D/A  converter (see Figure 1 ) .  
The  output of the D/A converter is a  train of  impulses 

m 

y ( t )  = y(k)6(t  -kT2  (2.3) 
k=--m 

where 

Y(k )  = Q(x(k)) (2.4) 

and  the  function e(.) is the  quantization characteristic of  the 
D/A  converter*. If y ( t )  is filtered by an ideal low-pass filter 
'with  a  cutoff  at f 0 / 2  and, as will be assumed from  here on, f d  

is less than f 0 / 2 ,  the  output w(t) of the  filter will be the sinusoid 
A sin ( h f d t  + 0) plus quantization noise. 

To  make  the  memory  requirements  finite,  it is necessary 
that  the samples x (k )  repeat  with  some  period N. The  condition 

x(k + N )  = x(k)  (2.5) 

for all k is equivalent to 

fdNT = L (2.6) 

for some  integer L:  Hence the available frequencies are of the 
form 

f d  = Lfo/N.  (2.7) 

Substituting (2.7 into (2.1) gives 

x(k)  = A  sin (2nLk/N + e) .  (2 .8)  

Only the integers 

L [ W I  , (2.9) 

where the square brackets  denote  the greatest  integer less than 
or equal to  the  argument, lead to frequencies f d  within  the 
bandwidth f 0 / 2  of the low-pass filter.  Furthermore, we need 

* In  actuality,  the  quantization is due  to  the  representation  of  the 
samples  by  finite  precision  arithmetic,  and not by the  D/A  converter. 
I t  is convenient to  think  of  the  digitally  generated  samples  as having 
been  generated  by  an  ideal A/D converter  operating  on  an  ideal  analog 
sinusoid. 

(FREOUENCY Ig) 
CLOCK 

Figure 1. A digital  frequency  synthesizer. 

only  consider the case for which L andN are relatively prime**, 
for if the lowest common  denominator d of L and N is not 1, 
then 

x(k + N / d )   = A  sin (2nL(k + N/d)/N + 0)  

= A  sin (2nLk/N + 2nL/d + 0) 

= A  sin (2nLk/N + 0)  

= x(k)  (2.10) 

and  there is premature  repetition of the sequence. Thus,  the 
same frequency Lfo/N can be generated with less memory  by 
replacing L by L/d and N by N/d. 

2.2 Continued Fraction Approximation 
I f  it is important  that  the digital sine wave have a frequency 

very close to  a desired frequency f * ,  continued  fraction 
expansions6 can be used to  find  the best approximation L * f o /  
N* to  f* which can be obtained  with N* constrained  to be 
less than some maximum  memory size N,,,. Rather than 
develop this  theory  here, we  will refer the reader to  reference 
6 and give just  one  example. 

For  the  application  motivating our work, f o  = 8 kHz  and 
f d  is desired to be as close as possible to 1020 Hz,  which is the 
center  frequency  of  a  notch  filter.  The  continued  fraction 
expansion 

1020 51 1 
8000 400 

7 +  

__--- - - 
- 1  

1 
1 +  

1 
5 +  . 

1 
2 +  

I +  
1 

2 

* *  Two integers  are 
factors  other  than  unity. 

relatively  prime if they  contain  no  common 
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yields when truncated  the series of increasingly better  approx- TABLE 1 
imations  of Table 1. The  fact  that  for each of these entries L BEST CHOICES FOR N AND L 
and N are relatively prime is proved  in general in continued 
fraction  theory.  It can also be shown that  each of these ap- 
proximations is best  in the sense that  it gives a  better  approx- 
imation  to  1020 Hz than any other rational fraction  with  a 47 6 1021.27  

smaller denominatdr. 102 13  1019.61 

N L f d  (Hz) 

8 1 1000.00 

2.3 Symmetries  to  Reduce  Memory  Requirements 149 19 1020.13  

For particular  choices of N and 0 ,  there are symmetries in 4 0 0  5 1  1020.00 ( e x a c t )  

the sample set { x ( k ) } $ z l  that can be used to reduce memory 
storage requirements in a ROM implementation.***  The  four TABLE 2 
conceivable forms  of  symmetry are EXHAUSTIVE LIST O F  SYMMETRIES 

x(k)  = x(k + K , )  (2.11) Type of Symmetry N 0 
K Un ique ly  

S a t i s f i e s  

x(k] = -x(k + K 2 )  
( 2 . 1 5 )  e v e n   A r b i t r a r y  K = N / 2  

(2.i2) 

x(k)  = x(K3 - k )  (2.13) ( 2 . 1 6 )   e v e n  0 mod 2n/N K = N/2 

x(k)  = -x(& - k).  (2.14) 
( 2 . 1 6 )   e v e n  IT/N mod 2n/N [LK = y] mod N 

Assuming that L and N are relatively prime, (2.1 1) is satisfied 
only  for K1 = N and multiples thereof. Of the remaining three 
symmetries  only two are independent, as we show by deriving 

(2.16) odd n/2N mod  27r/N (LK = y] mod N 

(2.14) from  (2.i2)  and  (2.13).  From  (2.13) 

~ ( k  + K z )  = x(K3 - K2 - k )  
( 2 . 1 6 )   o d d   3 ~ / 2 N  mod 2v/N (LK = 7) mod N, 

and  substituting in (2.12)  For an example of the application of  fourfold  symmetry, 
assume N is even, N / 2  4 K is even,  and 0 equals 0 mod 2nlN. 

~ ( k )  = -x(K3 - K z  - k) ,  Then (2.15), (2.16), and Table 2 indicate that 

which is (2.14)  with K ,  = K 3  - K 2 .  Thus  there are only  two 
independent  forms of symmetry  that are potentially useful. x(0 )  
Arbitrarily, but  without loss of generality, we choose to  con- X ( I )  = x(K-i) = -x(K+ i )  = -x (N-I )  
sider symmetries of the  form 

= -x@) 

x(k)  = -x(k + K )  (2.15) 

and 
x(K/2 - 1) = x ( K / 2  + 1) = - ~ ( 3 K / 2  - 1) = -~(3K/2 -k 1) 

x(k)  = x(K - k). 
= -x(3K/2). (2.17) 

An exhaustive list of all symmetries of these forms appears  in 
Table 2. The function  mod used in this  table is the remaindering 
function;  that is, for two real numbers a and b,  a mod b 
denotes  the remainder when a is divided by b. 

To exploit  symmetry (2.19,  i t  is only necessary to choose 

Thus,  it is sufficient to  store  the N/4 + 1 samples {x(O), -1, 

x ( K / 2 ) )  in memory, address tHem with a  counter  counting 
cyclically up  from 0 to  K/2 arid then  down  from K / 2  to 0, 
and  complement signs on alternate cycles. 

*** Similar symmetries  have been used to reduce  computation in m 

DFT and FFT analysis  where  they are more readily  apparent because Y ( t )  = (1/T) y(m)ej2nin tfo’N (2.18) 
the  phase is always  zero. m=-m 
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Figure 2. Traditional  method of testing AID and  D/A  converters 
with  an  asynchronous  sinewave. 

where 

We will assume the  LPF  to have the transfer function? 

If I <fo/2 

H(O= T / d Z  If I = f o / 2  (2.20) 1 0, If I >fo/2.  

The issue of  just  what Hcf) is to  be at  fo/2 is forced by the line 
spectrum  nature of the  input.  The above choice  greatly simpli- 
fies later  equations. It is artificial from  a practical point  of 
view in the same way in which any other ideal  low-pass  filter 
is artificial. 

The  filter  output is then 

(A-1 ) / 2  x Y(m)e j2nmt fo /N,  N odd 
m = - ( N - 1 ) / 2  

(2.21) 

This output  contains  the desired component Y(L)  at  frequency 
Lfo/N, while the  other  components in the  spectrum are un- 
desired spurious responses. The  equation  demonstrates  the 
harmonic  nature of the synthesizer output,  there being all har- 
monics of f,/N. 

The  ratio of the power at  the desired frequency  to  the  total 
power at all other frequencies except  d.c., which it is natural 
to call the signal-to-noise ratio (SNR), is  given by 

I ' mfL 

(2.22) 

?Note   t h i t  we could  improve  the SNR derived  later by letting 
B(.f) be a  narrow  bandpass  filter  centered  at fd, if fd is a fixed  fre- 
quency.  Choice (2.20) is motivated  by  our  application  in  which  the 
D/A  converter is tested  by using  it  in  the  mode  of  Figure 1, but  it also 
is appropriate  for  other  purposes. 

I 

By straightforward manipulation,  it can be shown that 
other equivalent  formulas  are 

SNR = 2 I Y(L)  1 2 /  [iy @(k) - Y(0) 
k=O 

1 
-2 Re (Y(L)ej2nLk/N))2] 

and 

SNR = 2 I Y(L) l 2  - v2(k) - Y2(0) / [ E  

two 

(2.23) 

(2.24) 

The advantage in using either of the  latter  two relations is that 
the only Fourier  coefficients  that need to be calculated are 
Y(L) and Y(0). Furthermore,  (2.23) is intuitively  satisfying 
since the signal component in w(t) is 

y(L)ei2nLk/N + y*(L)e-j2nLk/N 

= 2 Re (Y(L)ej2nLk/N),  (2.25) 

while (2.24) is also intuitive since the  quantization-noise is the 
total power less the power in the d.c. and fd components. 

It is interesting  to  note  that  the  SNR as defined by any  of 
the equivalent  relations  (2.22),  (2.23), and  (2.24) is independent 
of L as long as L and N are relatively prime. Changing the 
frequency of the desired sinewave (through L )  does not change 
the total power in the spur ious  responses; rather,  it results in a 
permutation  of  the same spectral lines. Proofs  of these facts 
are given in Appendix  A, which also contains  other  relation- 
ships of interest in their  own right. 

3 .O A/D AND D/A CONVERTER TESTING 

The  traditional  method of testing an A/D  and  D/A  converter 
in cascade is shown in Figure 2. The input  to  the  A/D  con- 
verter is a sinusoid asynchronous  with  the sampling clock. By 
passing the  output of the  D/A  through  a  notch  filter rejecting 
the  frequency  of  the  input sinusoid, the  fundamental in the 
D/A output can be removed.  The  power in the remaining signal 
is the  quantization noise power. 

An undesirable  aspect  of the above procedure is that  faults 
cannot be isolated to  either  the  A/D  or  D/A. This  .problem is 
usually more troublesome when it is desired to  test  the  D/A 
alone, since its  performance is usually closer to  ideal than  that 
of the  A/D. It is therefore  natural  to ask whether digital signal 
processing techniques can be substituted  for  portions  of Figure 
2,  and  whether  the D/A and  A/D can be  tested individually  by 
this means. We consider  these questions in the following three 
sections. 

3.1 DIA Converter  Testing 

To  test  a  D/A  alone,  static  output level measurements  could 
be made. Alternately  and generally preferably,  however,  the 
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- 
Figure 3. Testing  a  D/A  converter  with  a  digital sinewave. 

test structure of Figure 3 can be used.??  The structure here 
less the  notch filter and power meter is exactly  that  of  the 
digital frequency synthesizer  considered in Section 2.0. 

The ROM in Figure 3 is equivalent to an ideal A/D driven 
by a sinusoid synchronous with the sampling clock (see Figure 
4).  Thus, if the sinusoid were not  constrained  to be synchro- 
nous, we would effectively have available an ideal A/D  for 
testing D/A converters. 

It is desirable that  asynchronous sinusoids be used for  coder 
testing because (i) specifications  for coders have been written 
assuming asynchronous sinusoids and (ii) designers have devel- 
oped an intuition  for relating SNR measurements  made with 
asynchronous sinusoids to coder imperfections.  Asynchronous 
sinusoids exercise all decoder levels less than  a peak level, and, 
moreover,  the relative frequencies of the levels are fixed (by 
the  probability density function  of  a sinusoid). With a  low N 
digitally generated  sinusoid, not all the  output levels less than 
the peak level are  exercised, and,  of course, the relative exercise 
proportions are not  proper. The  SNR  measured for  a low N 
digital sinusoid is thus  not necessarily equal  or even close to 
the SNR  measured for an equal amplitude  asynchronous 
sinusoid. 

We have attempted  to answer the questions “how large 
must N be for  a  synchronous sinusoid to  look like an asynchro- 
nous sinusoid for coder  testing  purposes?” and “can the 
symmetries of Section  2.3 be advantageously exploited?” 
The  procedure used has been to calculate SNR,(A, 0 ,  N) as 
given by equation  (2.23) (either (2.22)  or (2.24)  could  equiv- 
alently have been used) for various sinusoid amplitudes A, 
sinusoid phases 0 ,  and  memory periods N and  compare  it with 
SNRA(A), the signal-to-noise ratio  for an asynchronous sinusoid 
of amplitude A .  In all these  calculations an ideal D/A  and  8-bit 
~ 2 5 5  encoding have been  assumed. Presumably,  the results for 
some  particular  nonideal D/A  or some other  encoding would 
not be substantially  different (with  one  exception to be noted 
later). 

The  calculations  indicate that  with N greater than  about 
100 the difference  between  SNR (A ,  0 ,  N) and  SNRA(A) is 
less than 0.5 dB as long as 0 and N are such  that  neither  of  the 
symmetries  (2.15)  or  (2.16) is present. If 0 and N are such  that 
twofold  symmetry is present, N must be greater than  about 
2@@ for equivalent  accuracy. With fourfold  symmetry  present, 
N must be greater than  about  400. 

Thus the general conclusion to be drawn  at  this point appears 
to be that there is nothing  to be gained by choosing N and 0 so 
that there  are sample set symmetries to be exploited.  Perform- 
ance is proportional  to  the  minimum  memory  actually  required. 

??This  technique  has  been  used  in PCM channel  banks  for  some 
time8. 

- 
SYNCHRONOUS A,D D/A WITH 

I 
METER  FILTER LOWPASS * CONVERTER 

* z:::::& POWER  NOTCH 

Figure 4. Equivalent  block  diagram  for the  D/A  converter  test. 

We do  not feel,  however, that this  conclusion is completely 
correct for a nonideal D/A,  for which there is probably some 
advantage to be gained by choosing N even and exploiting 
symmetry  (2.15). The reason is that  although with an ideal 
D/A  the  quantization  error associated with  a sample x(k)  is 
identical (in magnitude) to  the  quantization  error associated 
with the sample -x(k), with a nonideal D/A it is not. By 
choosing N even and exploiting symmetry (2.15), the nonideal 
D/A is more completely tested. This same argument  does not, 
however, support exploiting symmetry  (2.16). 

3.2 AID Converter Testing 

When an  A/D  and D/A are tested as in Figure 2,  any fault 
can usually be traced to either the  A/D  or  D/A by the simple 
procedure of Section 3.1. Nevertheless, for completeness we 
should mention  that  the A/D  converter  alone can also be tested 
by the somewhat  more complex  method of Figure 5.V’”  The 
synchronous sinusoid can be obtained by phase-locking an 
oscillator to  the same clock which controls  the sampling in the 
A/D.  The  SNR can then be calculated digitally from  a sequence 
of N samples at the  A/D  output using (2.22), or preferably 
(2.23)  or  (2.24). It is important  to  note  that these SNR 
formulas do  not require  prior knowledge of the sinusoid 
amplitude, which is important  from  a practical  viewpoint since 
this amplitude is difficult to  control precisely in the analog 
portion of the  test. The conclus ions   in  Section 3.1 about the 
required N also apply  directly to this case. 

3.3 AID and D/A Converter Testing 

As an alternative to  the  method of Figure 2,  the features of 
Figures 3  and 5 can be combined (Figure 6)  to achieve testing 
of both an A/D  and  D/A converter together. As in Figure 2,  it 
is not possible to distinguish noise introduced by the  A/D or 
D/A  alone.  The advantages of this approach are the ease of 
automation  and reproducibility of the  test, as  well as in  some 
application a more natural interface on  the digital computer 
with A/D  and  D/A interfaces. 

We should note  that in Figure 6 there are three sources of 
quantization noise: a)  the noise produced by the initial  finite 
precision representation of the sinusoid, b) noise introduced 
by nonideal behavior of the D/A, and  c) noise produced by the 
A/D. In Figure 2  the only  sources of noise are b) and  c),  and 
hence Figure 6 will yield a calculated noise larger than  that 
measured in Figure 2 by the  amount of noise a).§ However, 
this  should  present no practical difficulty, since the noise of 
a) is not variable and can be precisely calculated beforehand 
and  discounted in the  interpretation of the results. 

4.0 CONCLUSION 

It is hoped  that this  paper will provide an enhanced  under- 
standing of digitally generated  sinusoids and particularly  their 

This  structure has  been  previously  described  in  reference 9. 
In fact, if the A/D and D/A were  ideal,  the SNR calculated  in 

Figure 6 would  be  that of two  tandem A/D conversions, or 3 dB  lower 
than  that of a single  conversion. 
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Figure 5 .  Testing  an  A/D  converter. 

SAMPLING CLOCK 

ROM 3 DIA WITH A I D  
LWPASS 

- CALCULATE 

W E R T E R  SNR 

Figure 6. Digita1,testing of  A/D  and  D/A  converters. 

. application to  A/D  and  D/A  converter testing. Related ideas 
can be applied to' phase-locked loop  frequency synthesis to  
obtain  an  interesting  new  structure.1° 

APPENDIX A 

In this  appendix we wish to  show  that  the signal-to-noise 
ratio  of  a digital sinusoid is independent of L as long as L and 
N are relatively prime. Since it will be important  to have a 
notation explicitly indicating  dependence on L we  will adopt 
the  convention of using subscripts to show this dependenc'e. 
Thus, rewriting  (2.19), we have 

N-1 
YL(m) = (l/N) yL(k)e-j271'nk/N ('4.1) 

k -0 

where 

y,(k) = yl(kL  mod N ) .  (A.2) 

Although  the following  results apply in greater  generality,  in 
Section 2.0 we have the  particular case 

~1 (k) = Q(x1 (k)) (A.3) 

xl(k) = A sin (2nk/N + e). ('4.4) 

Define the  set  of  numbers 

Then  an  interesting  fact is that A L  = A ,  for all L  such  that  L 
and N are relatively prime. -Of course A ,  is contained in A1 
from (A.2): The converse follows  from  the existence.  of a 
unique integer 0 S J < N satisfying the relation 8 8 

U m o d N =  1. (A.6) 

3 8 This is a  fundamental  result  of  number  theory6  which  requires 
that L and N be relatively  prime.  In a .sense J is the multiplicative 
inverse of L .  

I .  . 

We can use (A.6)  to  find  the inverse mapping to  (A.2) by de- 
fining the new index 

q = k L m o d N  ('4.7) 

and  noting  that 

4J mod N = J(kL  mod N )  mod N 

= h9L mod N. 

Substituting  from (A.6),  (A.8) becomes 

k = q J m o d N .  

Thus (A.2)  becomes 

and  the fact that  Al is contained in A L  is demonstrated. 

yL(k)  is  given by  (2.19) and (A.2), that is, 
The discrete Fourier  transform  (DFT) of the sequence 

1 N-1 
YL(m) = - x yl(kL  modN)e--j2nmk/N. (A.11) 

N k = O  

Reindexing  (A.11) using (A.7) and  (A.9), we have 

= Y 1 ( d  mod N ) .  (A. 12) 

Equation (A.12)  establishes that  the  DFT  coefficients  undergo 
a rearrangement  of the same type as the b L ( k ) }  as L is varied. 
The  fact  that  the  set of DFT  coefficients { YL(m)}gZh is the 
same as the'set  {Yl(m))Gzi follows from  the fact that N and 
J are relatively prime. 

We are now in a position to show that  the  SNR of  (2.22) i s  
independent of L .  First note  that  from  (A.12) 

YL(L) = Y1(LJmodN) = Yl(1) (A. 13) 

and Y,(Q) = Yl.(0). Hence,  when N is odd 

m # L  

and  the  SNR is independent  of L .  For N even we need  the 
additional  fact  that 

(A. 15) 

which  follows from the fact  that J must be odd if N is  even. 
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Finally we should note  that in reference 7 relation  (A.2) 10. D. G. Messerschrnitt, “A New PLL  Frequency  Synthesis  Structure,” 
was called the  “uniform  permutation”  of samples bl(k))”h:i. 
The fact  that  the  DFT coefficient { Yl(m)}$=A also undergo a 
uniform  permutation was discovered independently in [7]. * 

submitted  to IEEE Transactions on Communications. 
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* 

Simple  Inductorless  Automatic  Line  Equalizer  for PCM 
Transmission  Using  New  Variable  Transfer  Function 

Abstruct-A new  variable  transfer  function is proposed  and  its  appli- 
cation  to  digital  transmission is investigated. 

The  realization of the  new  variable  transfer  function is developed 
for use  in a  digital  transmission automatic  line  build out (ALBO) net- 
work. A simple  inductorless ALBO network having 215 dB variable 
range is demonstrated  for use  in 1.544 Mbit/s PCM transmission.  Inter- 
symbol  interference  and  jitter  increments  due  to  equalization  errors  are 
around  ten  percent  and t 2  degrees,  respectively. 

I.  INTRODUCTION 

D IGITAL  transmission lines can employ  automatic line 
build out (ALBO) networks owing to their relatively small 

susceptibility to equalization  errors [ l ]  . However,  equaliza- 
tion errors have to be  made as small as possible from  the  stand- 
point of reducing  timing jitter [2] . 

For realizing sufficiently small equalization error over the 
ALBO networks’ wide variable range, cascading of two variable 
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cations.  Chicago, IL, June  1977. 

The  author is with the  Central  Research  Laboratory,  Hitachi,  Ltd., 
Kokubunki,  Tokyo  185,  Japan. 

equalizers has been used in conventional PCM repeaters. For 
example, cascading of two  Tarbox  type variable equalizers [ I ]  
has  been reported [3] for realizing a wide variable range.  The 
Bode type variable equalizer [4] may  potentially be suitable 
for realizing ALBO with  a single stage. However, realization 
of one-port dual  shaping networks  has been the  bottleneck  for 
attaining  a wide variable range. Equalizer design has also been 
quite cumbersome in conventional ALBO’s. A  solution to 
those  problems  has  been suggested in a previous paper [5] . 

A simple wide range inductorless variable equalizer for 
digital transmission is investigated in this paper, as an exten- 
sion of results reported in [5] . It will be shown that  the design 
procedure is quite straightforward and flexible. 
to  a practical  system will also be demonstrated. 

11. NEW VARIABLE EQUALIZERS 

The  ideal variable function is given by 

VO(L u )  = Y 0 ( f l U ,  

Application 
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