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TDMA Jammer Suppression on CDMA Overlay
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ABSTRACT

The effect of inband TDMA narrow band jammers to DS-CDMA system performance and the suppression
techniques are investigated using Monte Carlo simulations.

TIA standard North American Digital Cellular wea used as jammer. Levinson Dubin and conventional recursive
least square algorithm were emphasized since these techniques can be implemented with a few DSPs for CDMA
application. Two filter structures, i.e., complex suppression filter and real suppression filter in each inphase and
quadrature channels, are investigated and their performances are compared. Complex suppression filter with
Levinson Durbin algorithm of 20msec update rate is the most promising with respect to implementation and per-
formance point of view. Implemenation feasibility is discussed and the channel capacity lost by suppression is

computed.
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1. INTRODUCTION

Various jammer suppression techniques have been
studied[1][2][3]. In this paper, feasible jammer sup-
pression technique using a few DSPs for Code Division
Multiple Access(CDMA) system which are designed
to share common spectrum with non-CDMA system
(narrow band waveforms), is presented. Specially
TDMA jammer such as TIA standard North American
Digital Celluar system is interested. It is assumed that
these narrowband signals are being overlaid by a
CDMA system in order to increase the overall spec-
tral efficiency of the frequency band and therefore
they do not represent intentional jamming. Rather,
the interference that they impose on the CDMA
waveforms is the unavoidable result of altempting
this type of spectral sharing, and it is the purposc of
the interference suppression techniques to minimize
the resulting degradation lo system performence. In
some applications, frequency spectrum sharing is
unavoidable and suppression might be needed all the

fime.

Specially, TIA/North American Digital Celular
(called USDC) system overlaid by 1S-95 CDMA sys-
tem is considered in this paper. The performances of
jammer suppression are compared for each jammer
suppression strategy, filter structure, and adaptive
rale.

In Section 2, the communication system of interest
is described. In Section 3, the adaptive algorithms
used in the paper arc explained and justified. In Sec-
tion 4, suppression filter structures are described. In
Section 5, jammer model is specified. In Section 6,
simulation results are listed and compared. Section 7

is conclusions.

. SYSTEM DESCRIPTION

For the non-CDMA users with strong power in
which 21 dB processing gain of IS-95 is not enough
to combat, nolching those non-CDMA users before
despreading is inevitable. Figurc 1 shows mobile
transmitter. Speech signal is digitally encoded with

QCELP and convolutionally encoded in which code,

28.8k*64/4=307 .2k walsh bps

9.6kbps 28.8kbps 6 bit ———» 64 bit
data R=1/3,K=9 block
source convolutional encoder interleaver

walsh ( ) 47 tap
" inodulator OQPSK ) FIR filtef

T
PN(1)

Fig 1. Mobile transmitter
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Fig 2. Base station receiver

962



% % /TDMA Jammer Suppression on CDMA Overlay

rate is 1/3 and constraint length is 9. Encoded bit
stream is interleaved for 20 msec. 6 coded bits are
transformed to Walsh code 64 binary Walsh bits,
then the binary data stream is spread by PN code,
and modulated by OQPSK(Offset QPSK) and filtered
by digital FIR filter which is specified in IS-95. Fig-
ure 2 shows a base station receiver. It uses antenna
diversity. Rake receiver at each antenna has 2 fingers.
The received signal at each fingers are despread and
go through FHT(Fast Hadamard Transform). Each
antenna is connected to each Rake receiver which has
two branches. FHT is performed on each 4 branches
and produces a 64 by | vector. 4 FHT outputs from
each branches are summed and produces one 64 by |
vector. The index of the 64 by 1 vector having the
largest power is selected where the largest is defined
as soft information of the vector. A Walsh code is

transformed to channel bits by selecting 6 channel

AW%N 1

AWGN2

antennal

antenna?

txmr

f
TDMA

Fig 3. Reverse channel model

Fig 4. Complex and real suppression filter

bits corresponding to selected index. 6 channel bits
are multipied by the soft information. One frame
coded bits are stored, deinterleaved and decoded by
Viterbi Algorithm. Figure 3 shows additive white
Gaussian noise channel model. There is one path
from a transmitter to each antennas of base station.
AWGN 1 and 2 are statistically independent and the
same TDMA jammer signal is added to both paths.
To suppress the TDMA signal, suppression filter is
placed between A/D and despreading. Figure 4 shows
complex suppression filter and real suppression filter.
Complex suppression filter notches I-channel and
Q-channel components of jammer jointly and real
suppression filter notches I-channel and Q-channel

components of jammer separately.
. ADAPTIVE ALGORITHM

In this section, the adaptive jammer suppression

algorithms applied in our application are shown.

3.1 Recursive Least-Squares Estimation{RLS)

Given the least squares estimate of the tap-weight
vector of the filter at time »n-1, the updated estimate
of this vector at time »# upon the arrival of new data
is computed. The RLS is explained by exploiting a
relation in matrix algebra known as the matrix inver-
sion lemma. It utilizes information contained in the
input data, extending back to the instant of time
when the algorithm is initiated. In the method of
exponentially weighted least squares, we minimize the

cost function
" .

gm=Y A e@)|? (0
i=1

where ¢(7) is the difference detween desired response
and output.

The optimum value of the tap-weight vector, w (n),
of the filter for which the cost fucntion g(») attains its
minimum value is defined by the normal equation

written in matrix form;
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() w(n)=0(n) (2

where the M-by-M correlation matrix @ (») is defined
by

(D(n):i A u(@) ul @), 3)
=1

The M-by-1 cross-correlation 0(n) between the tap
inputs of the transversal filter and the previous one u
(k-1),-- ,u{k-n) is defined by

0m =3 A" u(d) d* @) )
=1

where the asterisk denotes complex conjugatation and

d(7) is desired response. By doing some calculation,

the resulting RLS algorithm is expressed as follows.
AT Pm—Du(n)

k)= AT W P 1) ) ®

a(m)=dm)—w" (n—1)u(n) (6)
wm)=wm—1)+ k) a* () (N
P@)=2"Pu—1)-A2"k(x) u"n)P(n-1) 8)

k(#): gain vector
a(n) : priori estimation error
P(n)=d '(n).

3.2 Levinson Durbin Algorithm

Basically, the procedure utilizes the solution of the
augmented Wiener-Hopf equations for a prediction-
error filter of order »+1 1o compute the corresponding
solution for a prediction-error filter of order mdi.c.,
one order higher). The order m=1, 2,--- M, where M
is the final order of the filter. The important virtues
of the Levinson Durbin algorithm is its computaional
efficiency. To derive the Levinson Durbin recursive
procesure, we will use the matrix formulation of both
forward and backward predictions.

Let the (m+ 1)-by-1 vector a,, denotes the tap-weight
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vector of a forward prediction-error filter of order m.
The (m+ 1)-by-1 tap-weight vector of the corresponding
backward prediction-error filter is obtained by backward
rearrangement of the clements of vector a,, and their
complex conjugation. We denote the combined effect
of these two operations by a’:,:. Let the m-by-1
vectors a,, and a’:,: denote the tap-weight vectors of
the corresponding forward and backward prediciton-
crror filters of order m-1, repectively.

The tap-weight vector of a forward prediction-error

filter may be order-updated as follows.

P 0
a,,= .
LA

where T, is a constant. The scalar version of this

&)

order update is
amk:amfl,k*‘ rma‘m t,om—ks k:(), 1, m (IO)

where a,, 4 is the Ath tap weight of a forward prediction-
error filter of order m and a,,- o, @1 m=0.

The tap-weight vector of a backward prediction-
error filter may be order-updated as follows.

B _ 0 . Ay
A ['ﬁ:]] +rm[ 0 } (1n

The scaler version of this order update is
Amm—t =Cm-rmte + D@1 1 k=0, 1,m  (12)

To establish the condition that the constant T, has
to satisfy in order to justify the validity of the
Levinson Durbin algorithm, we proceed some stages
as follows.

Premultiplying both sides of Eq.(9) by R,,,, the
(m+ 1)-by-(m+1) correlation matrix of the tap
inputs #(#n), wu(n-1),-- u(n-m) in the forward predic-

tion-error filter of order m, we get

Rm+,am:[(1;m] (13

m
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where P,, is the forward prediction-error power. Then

the forward prediction-error filter of order -1 is

— Pm—l
R,,,a,,,_|—-[ 0, ] (14)
and define the scalar

Am—l =rBT mAm—|
(15)

m-1
= Z Am—1, & r(k_m)
k=0

B
m

inputs and desired response #(n-m).

where rB"is the cross-correlation vector between tap
Following similar precedure, the backward predic-

tion-error filter of order m-1 is

. [0
Rm Ay = P : ] (16)
.

and define the scalar

A‘m—l =r} ar’:—l
1

!

™3

a;n—l,m~17(l)

]

0

where r, is the m-by-1 cross-correlation vector
between tap inputs and desired response ().

Finaly we get

Pm Prnal P Am—l
[0 ]= O +r,,,l O (18)
m
Am—l Pm—l

If the conditions desribed by Eq.(18) apply, the
tap-weight vector of a forward prediction-error filter

may be order-updated as in Eq.(9).

Po=Ppy+ T oy (19)

o Am
1"m"' Pm—l (20)
szpm—l(l_'rmlz) (2')

Py=7(0) where 7(0) is the autocorrelation function
of the input process for lag zero.

The prediction-error filter of of final order M equals
M
m=1

Basically, these two algorithms all estimate corre-
lation function of received signals, then compare opti-
mum coefficients of prediction filter based on the
estimated correlation functin using batch method or
recursive method. All these adaptive techniques com-

pute {2;} which minimizes
¢ m
AT x () -Y a;(m)x{n—i)|? (23)
n=0 i=|
where 7 implies # X T, where T, means chip duration

or chip time, and x(#n) is a received signal at time 7.

The optimum filter[1] is presented as follows,

a,(n)
a, (n)
am(n) = : = R;I Rymx (24)
a,,(n)
x(n—1)
where Ry=E{X(m)X" ()}, X(n) = x(.n—2) ,

x(;z—m)
Rymx=E{x(n) X"},

Since CDMA signal samples are independent over
a chip time, the correlation function of CDMA signal
can be considered as 0 after T, delay, i.e., correlation
function of psuedorandom sequence R,,(t)=0lt])
T.. Therefore {a;(n)} predicts only the correlated
jammer, i.e., narrow band jammer components in the
way of minimizing Eq.(23). That is, FIR linear pre-
dictor in which each tap has chip delay does not
depend on desired CDMA signals.

It was thought that suppression filter at the base
station has to be realized with digital signal processing
chips rather than ASIC because of the limited number
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of base stations. In this paper, the adaptive algorithms
which can be implemented with a few DSPs and slow
updating rate are of interest. If a receiver can accom-
modate the computational complexity required to
update filter coefficients for each chip time, fast
algorithms such as fast recursive least square and
FAESTI(5] may be the best choices and their computa-
tional complexity is proportional to filter length N.
However, chip time update rate cannot be acco-
mplished with limited number of DSPs at the the 2.
4567MHz which is two times over sampling rate of
IS-95. Besides that, updating slower than chip rate
does not hold shifting property that fast algorithm
has to satisfy, so that fast algorithms cannot be used
with lower update rate than chip rale when sup-
pression algorithm is implemented with a limited
number of DSPs. Even though the computation com-
plexity required for updating conventional RLS is
proportional to N? while that of fast algorithm is
proportional to N, RLS can be updated under the
chip rate, ie., slow updating rate, and can be
implemented by off-the-shelve DSPs and ICs.

IV. SUPPRESSION FILTER

Two different suppression filter structures, iec.,
complex and real suppression were investigated. Sup-
pression filter is tapped delay line structure in which

delay is fixed to a chip time.

7z 7 Z' - -
@ @

S um

H)

Fig 5. Double sided symmetric suppression filter

There are two key reasons of fixing a tap delay to a
chip time. One is that if tap delay is less than a chip

time, suppresston filter would suppress signal as well
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as jammer because CDMA signal is correlated within
a chip time. The other is that if tap delay is greater
than a chip time, frequency response of suppression
filter has more than one notch in CDMA band.
Therefore tapped delay line is fixed to a chip time.
Complex suppression filter is implemented with 4 real
filters which is twice as many as suppression filters.
Adaptive algorithm with complex filter requires as
twice as many computations that adaptive algorithm
with real suppression filters require.

2N -+ 1 filter coefficients can be obtained by computa-
tions proportional to N ? in the following way. Adapt-
ive algorithm computes length N linear single sided
prediction filter coefficients and convolves it with is
malched filler to make 2N + 1 double sided filter
cocefficients. For example, the 31 tap transversal
double-sided suppression filter is obtained in the way
that |5 tap transversal lincar prediction filter is
formed and adjusted adaplively by Levinson Durbin
or RLS algorithm and then convolved with its

matched filter.
V.JAMMER MODEL

TIA North American standard Digital Cellular
(USDC) signals are used as TDMA jammer model
throughout the simulations. USDC adapts 48.8Kbps,
24.4K symbol/sec, square root raised cosine pulse
with 0.35 roll-off factor, 1/3 duty factor out of 20
msec. In the simulation, square root raised cosine filter

with 6 symbol duration was used.
V. SIMULATION RESULTS

While PCM(pulse code modulation) requires 107*
information bit error rate, QCELP requires 107*
information bit error rate(BER) for speaker intelligibilty.
The information bit energy o noise energy ratio, E,/
N,, to achieve 107" information bit error rate(BER)
is computed for each suppression algorithm, filter

structures, update rates, and multiple number of



3# % /TDMA Jammer Suppression on CDMA Overlay

information BER

information BER

information BCR

Single TDMA USDC in uplink, fd*Te=0.3, 31 tap suppression

Single TDMA USDC jammer in uplink, fd*T=0., 31 tap suppression

100 100
" ]
107 , E
P RLS, w0999, al filiers™ "~ 1
~ 20 méec updaied LD, real fific 1
& 102f \ RLS, w=0.999, complex filter J
m= 3 . =20 msec LD, complex fiffer E
2 o T : 1
: r ]
15
€ E
Bl :
F ro jammer - . 3
. 10
25 3 35 & 45 5 55 6 65 1 2 25 3 3s 4 5 s 5 6 65 7
EtNo (dB) EtNo (4B}
Fig 6. Fig 9.
ingle TDMA USDC, {d*T=0.2, 12 i o
Single : 2 suppression . o Single TDMA USDC jammer, {4*Tc=0.35, 31 tap suppression
; : ; E 1 oY : T H R
E 104
yied LD mal e E
5 rar Bl fiter r
N [ i E| -4
i E B 102
. 3 a
] e
1 2
; £
E A
20 msec LD, complex filters 1 [
3 104}
uo jamuner ; E - ' . )
10 i
3035 4 45 s 55 6 65 7 T R ST e a—y Py
Et/No (dB) EtNo (4B)
Fig 7. Fig 10.
Single TDMA USDC, [d=T=0.25, 31 tap suppression, I/S = 204B, AWGN channel 100 Singte TDMA USDC, {4*T=0.4, 31 tap suppression
£ : ANosupi;}éu’;oin - : ; E §
E 1k
mplexLD il (150 o s o
1 comnplak LD Blter, (50 54 double jai F
4]
| . P E a
: E o
LTI S | £
-.=20 mset updated LD, rea) (ilters : 1 E L
CRLS, WD 999, famplex Giter 7 E
- mRLS, ww0.999, real liltes-.. 4 g 107
1ol 20}n‘secv DIT; oo‘mglfx filter : : : 10+F :
F ‘0 jammer - - ; . ] F e
103 " 104 i
2 25 3 3.5 4 45 s 55 6 65 7 s 3 35 4 4.5 5 55 6 6.5 7
Eb/No (dB) EtNo (dB)
Fig 8. Fig 11.

967



BB IE S EriR ek '96—4 Vol.21 No.4

jammers,

Figure 6 shows tha the E,/N, for 0.1% information
bit error rate is 3.3 dB in additive white Gaussian
noise(AWGN) channel. Let’s denote J as a jammer
power and S as a CDMA signal power. Let’s define
fy as the frequency offset between CDMA carrier fre-
quency and jammer’s center frequency. The range of
T. X fy is over 0 to 0.5 in the sumulation. Levinson
Durbin algorithm updates suppression filter tap
coefTicients every 20 msec(l frame), and RLS updates
the filter every 110T, and 75T, for complex and rcal
suppression each. These update rate can be realized
with 2 DSPs(30MMACS/DSP for Levison Durbin,
20MMACS/DSP for conventional RLS). 2,000 to 4,
000 frames are simulated to get BER for cach E,/N,
value. The first frame that a jammer starts attacking
CDMA ssignals, is always in error for Levinson
Durbin case, but the first frame may not be in error
for most values of T, X fy with proper initialization
for RLS case. Levinson Durbing can be implemented
with fixed point DSP while RLS requires floating
point DSP. Figure 6 shows information BER when T,
X fy 0, i.e., TDMA USDC is at the center of CDMA
signal band J/S i 20 dB and 31 tap symmetric sup-
pression filter. The suppression filter shows outstand-
ing performance improvement for TDMA jammer
compared to the performance without suppression.
However, E,/N, required for 0.1% BER after sup-
pression is half dB worse than no jammer and no
suppression filter case. Note that the performance
curve of 1.5 msec update Levinson Durbin shows no
improvement. It implies that when jammer power is
very strong, continuous suppression is a better strat-
egy than tracking on-off characteristics of TDMA
jammer. Figure 6~ 13 shows the information BER for
various T, X fy, complex and real suppression filters,
and Levinson Durbin and RLS with memory factor
0.999. Figure 7 compares the performance of complex
and real suppression filters with RLS algorithm. In
the case that T, X {4 is 0.2, the complex filter updated
by Levinson Durbin algorithm with 20 update rate
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shows the best performance and 0.5 dB performance
degradation compared to that of no jammer and no
suppression. Figure 8 is the case that T, X fy is 0.25.
The result is similar to Figure 7. The performance
degradation is less than 0.5 dB. Figure 9 and 10 are
the case that T. X fy is 0.3 and 0.35. Symmetric com-
plex filter using Levinson Durbin algorithm with 20
msec update rate shows the best performance and
degradation due to suppression filter is less than 0.5
dB. Figure 11 is the case that T, X f; is 0.4 and shows
the worst performance among the simulation results.
The degradation due to suppression is around 0.6 dB.
Figure 12 1s the case that T, X f; is 0.45 and degra-
dation due to suppression is less than 0.5 dB. Figure
13 is the case that T, X fy is 0.5, in which fy is 1/2T..
That is, jammer is located at the edge of main lobe of
CDMA power spectrum. Therefore degradation due
to suppression is around 01. dB.

It can be concluded tat 20 msec update Levinson
Durbin with complex suppression shows the best per-
formance among them. E,/N, difference for 0.1%
information BER between complex suppression filter

and real suppression filter is around 0.3 dB.

6.1 SUPPRESSION FILTER WITH SEVERAL LENGTHS

Complex transversal suppression filter updated at
every 20 msec by Levinson Durbin algorithm is
investigated on AWGN channel for filter length 9, 17,
31 with 20 dB of J/S and T, X fy=0. Figure 14 shows
that Ey/N, to get 0.1% information BER was 0.7, 0.
36, 0.4 dB higher for filter length 9, 17, 31 than no
jammer and no suppression case. The best perform-
ance was obtained when filter of length 9 was used.
This means thap upon determining the estimation of
present jammer, the received signal over 17 samples is
statistically independent and so they acts as noises.
The determining of optimum filter length depends on

jammer characteristics.

6.2 SUPPRESSION OF MULTIPLE NUMBER OF
JAMMER
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Complex suppression filter updated every 20 msec
by Levinson Durbin algorithm for suppressing multiple
number of TDMA USDC jammer was investigated.
Total jammer power to desired signal power ratio was
fixed to be 20 dB. Figure 15 shows that E,/N, to get
0.1% information BER degrades 0.2 dB per jammer.
Figure 16 shows the jammer suppression filter per-
formance for multiple jammers, in which each jammer
to desired signal power ratio is 10 dB and complex 31
tap double sided symmetric filter with Levinson
Durbin algorithm of 20 msec update rate is used and
channel is assumed to be AWGN. Additional E,/N,
degradatuib was 0.2 dB per jammer.

6.3 FADING ON JAMMERS

The performance of jammer suppression filter at
the base staion was investigated for marrowband
jammer faded on frequency flat fading channel. The
total jammer power to desired CDMA power ratio is
set to 20 dB and suppression filter is 31 tap double
sided symmetric. Figure 8 shows thal for single
TDMA USDC jammer on flat fading 50km/h, E,/N,
for 0.1% BER was 0.6 dB worse than no jammer case
and 0.4 dB worse than unfaded jammer with sup-
pression filter case For double TDMA USDC
jammers on independent flat fading S0km/h channel,
E./N, for 0.1% BER was 0.2 dB worse than single
jammer case, which corresponds to E,/N, difference
between single and double unfaded TDMA USDC
jammers case. In Figure 17, the channel from mobile
to base is 2 equal ray model, in which each path has
equal power and the delay between two paths is 25
chips. The channel between jammer and base station
is frequency flat fading with 50km/h velocity. It is
shown that Ey/N, for 0.1% BER was 0.5 dB worse
than no jammer case. Suppression filter is though to
be better performed with power control on the lower
vehicle épeed.

The performance degradation can be thought as
loss of channel capacity. For simplicity, the lost chan-

nel capacily can be computed for single cell case. For
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single cell case, the relation between the number of
users and E,/N, can be described as follows,
W E,
N—=l=— —* 25
RN, (25)
where N is the number of users, W is chip rate, and R
is information data rate. 0.5 dB E,/N, degradation
reduces the number of users, say N, then N’ can be

computed as follows,

. WoE, 1
N —1=—

TR ON, LI22 (26)

Using Eq.(25) and (26), we can easily find the
relation between N and N, i.e., N =0.9N. Therefore
10% channel capacity corresponding to 0.5 dB Ey/N,

degradation is expected due to jammer suppression.

VI. CONCLUSION

The effects of inband TDMA USDC narrowband
jammers to DS-CDMA system(TDMA overlaid by
CDMA) performance and the suppression techniques
are investigaled using Monte Carlo simulations.
Levinson Durbin and conventional recursive least
square algorithm are emphasized and two filter
structures, i.c., complex suppression filter and real
suppression filter on each inphase and quadrature
channels, were investigated and their performance
was compared. Complex suppression filter with
Levinson Durbin algorithm of 20 msec update rate is
the most promising with respect to implementation
and performance point of view. 31 tap double sided
suppression filter is used throughout the simulation.
However 17 tap suppression filter is enough long for
TDMA USDC jammer. Continuous suppression
strategy is much better than tracking on-off chara-
teristics of jammer for high power TDMA jammer.
The suppression filter shows outstanding performance
improvement and 0.5 dB degradation compared to no
jammer and no filter case. As the number of jammer

increases with fixed total jammer power, the additional
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degradation is 0.2 dB per jammer for non-fading and
frequency flat fading with 50km/h vehicle speed.
Complex double sided suppression filter of length 17

is implementable with four ICs and two DSPs.
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