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Abstract— Cellular services have been ineffective in providing
defense and disaster recovery communications. Overloads that
occur after disasters cause degraded resource access to all users,
no matter how important. This has led to the development of the
Wireless Priority Service, which will queue emergency calls if they
are first blocked. The next generation of Wireless Priority Ser-
vices, however, must also be able to support more numbers of calls
after disaster strikes, which can only be achieved by increasing
the spectral efficiency of a system. In this work, we propose to use
linear, higher order modulation techniques for priority services
instead of the currently deployed non linear modulation schemes
used in GSM systems. Linear, higher order modulation techniques
increase spectrum efficiency as needed but suffer from spectral re-
growth, resulting in increased Adjacent Channel Interference and
Inter Symbol Interference. Our work deals with Adjacent Chan-
nel Interference, and we presented a new technique to model Ad-
jacent Channel Interference in our earlier work. Here we follow
by designing filters to reduce Adjacent Channel Interference. Fi-
nally, we show how these linear modulation schemes and interfer-
ence minimizing filters can be activated as needed using software
defined radio.

Index Terms— Autocorrelation, Probability Distribution func-
tion, Linear Adaptive Filter, FIR filter.

I. INTRODUCTION

Disasters, terrorist attacks, and major accidents have always
triggered tremendoustel ephonetraffic in theland line and wire-
less network. During emergency situations, the availability of a
cellular system can be greatly impaired due to the heavy traffic
demand placed upon the surviving cellular systems in the after-
math of disasters. This results in a high call blocking rate to
critical disaster relief officials when communication is needed
the most. This justifies the need for providing some high qual-
ity wireless priority service, where some set of user groups are
given different, higher, and appropriate level of service.

In the United States, this resulted in the Wireless Priority
Service being developed and managed by National Communi-
cation System. The Wireless Priority Services can be defined
as an enhancement to the basic wireless service that allows
the National Security/Emergency Preparedness (NS/EP) calls
to queue for priority service instead of being blocked. In times
of emergency or crisis, the system enables designated WPS
users to have a greater chance of being able to complete calls.
Not every individual can subscribe for WPS; only NS/EP per-
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sonnel can benefit from the advantages of WPS. The WPS pro-
vides only the qualified and authorized NS/EP userswith means
to obtain priority access to the next available radio channel in
awireless call path when emergency calls are placed. When
an NS/EP user places a WPS call and the service is activated,
the mobile handset requests aradio channel via control channel
messaging. In non-congested environments, a radio channel is
allocated to the mobile set and the call is connected. However,
in congested environmentsaradio channel may not be available
and so the network will not be able to grant a channel. This sit-
uation invokes WPS. When congestion is encountered at call
origination, the NS/EP caller is placed in a queue and will be
given the next available radio channel ahead of any other non-
emergency request. WPS does not preempt calls in progress
and is intended for use in emergency situations where network
congestion is blocking call attempts. During normal everyday
situations, noone will observe a change in the ability to make
calls. Channels are not held in reserve in anticipation of NS/EP
events.

Of the currently used cellular technologies, only GSM has
the ability to prioritize calls. And of the GSM service providers
in the U.S., only T-Mobile has deployed the Wireless Prior-
ity Service. Since only one service provider has implemented
WPS, it is not ableto meet the high call demands; thiswas expe-
rienced during the Northeast blackout of August 2003. There-
fore, in order to improve this situation and make priority ser-
vices fully functional, one of two things must happen.

« All of the carriers could implement priority service, either
all of the carriers or at least all of the GSM carriers. This
would enable most police, firefighters, and first responders
to get priority for their cell phone calls after disasters.

o The Wireless Priority Service provider could increase
its capacity to support more users during emergencies.
This would allow all priority service users to subscribe
to the same service provider to facilitate communication
amongst themselves during emergencies.

This paper facilitates the second option by focusing on im-
proving the existing Wireless Priority Service by proposing the
use of aspectrally enhanced WPS system for voice communica
tion. This system should be used only in emergency situations
and not as an underlying GSM system. So the GSM architec-
ture will consist of two sub-architectures. One of them will be



the existing architecture complying with the current GSM stan-
dardsto be used during non-emergency conditionsand the other
will be the high capacity architecture which can be used during
emergencies. So typically the existing architecture should be
used and then the new architecture can be used during emer-
gency situations. The emergency system will use linear, higher
order modulation techniques like M-QAM and M-PSK which
have higher spectral efficiency; the system will also comprise of
interference minimizing filters. Theincorporation of two differ-
ent architectures within the same piece of equipment and exist-
ing cellular architecture can be accomplished by using Software
Defined Radio (SDR).

In this paper we compare the performances of linear mod-
ulation schemes, i.e., Quadrature Amplitude Modulation and
Phase Shift Keying of the order of 4, 8, 16, 32 and 64, with
that of Gaussian Minimum Shift Keying in the presence of Ad-
jacent Channel Interference. Adjacent channel interference is
model ed and added to the transmitted signal using the approach
mentioned in [1]. The use of linear, higher order modulation
schemes results in a higher BER than that obtained with non-
linear modulation schemes. We reduce the BER for the pro-
posed system with the incorporation of FIR filters to minimize
the effect of Adjacent Channel Interference for M-QAM sys-
tems and with Linear Adaptive filters to minimize the effect of
Adjacent Channel Interferencein M-PSK systems.

Il. RELATED WORK

The introduction mentioned the emergence of Wireless Pri-
ority Services and the initial work done with it. Since Wireless
Priority Services is relatively new, not much work had been
done to study or improve its capabilities. A service with the
same objective has been proposed in [2]; here researchers in-
vestigate a rapidly deployable wireless communication system
for disaster and emergency response. But thisis not related to
cellular communications.

Although little work has been done in the field of Wireless
Priority Services, a significant amount of work has been done
which focuses on improving the spectral efficiency of a wire-
less communication system. The EDGE (Enhanced Data Rates
for GSM and TDMA/136 Evolution) technology [3] provides
significantly higher user bit rates and spectral efficiency. In[4],
work similar to what we have proposed above is done except
that coding schemes are used to reduce the error rates of the
system as compared to filtering schemes. In order to satisfy
high bandwidth requirements of broadcast networks, higher or-
der modulation schemes like 8PSK or 16QAM are chosen to
increase the data rates through the existing transmission link.
Also, a new power and spectraly efficient family of modula-
tions, FQPSK (Feher-patented quadrature-phase-shift keying),
are proposed for wireless mobile and personal communication
services in [5]. Severa evolutionary steps like using multi-
modulation, where higher-order modul ation techniques such as
QPSK and 16QAM, use of multi-lot, where more than one
time dlot per frameis allocated to auser and multi-carrier trans-
mission, in which more than one GSM carrier can be simulta-
neously allocated to a user are being considered in [6] to enable
higher bit rate services to be mixed with low bit ratesin a com-
bined scheme.

In our system we use higher order modulation techniques
as in many of the proposals above, but we compensate for the
degradation due to Adjacent Channel Interferencewith the help
of filters, designed using the parameters obtained in the model
proposed in our earlier work in [1].

I1l. FILTER DESIGN

Adjacent Channel Interferenceisthe interference dueto sig-
nals with different carrier frequencies which are close enough
to cause spectral overlap. This degrades the receiver perfor-
mance depending upon relative power levels of interfering sig-
nals, modulation and bandwidth. Adjacent Channel Interfer-
ence limits the capacity and performance of a digital wireless
communication system and hence we need to design systemsto
mitigate ACI so as to improve the performance and capacity for
cellular, mobile and land mobile systems.

Using the procedure mentioned in [1], we can find the sta-
tistical characteristics, namely the probability density function
of the interference. In this paper we explain system designs
which minimize the degradation caused by Adjacent Channel
Interference.

Earlier ACI mitigation was done using equalization methods
and subtractive demodulation. In[7], coherent maximum likeli-
hood sequence estimation receivers are devel oped for demodu-
lation of adjacent channel signals. The use of alinear equalizer
or a decision feedback equalizer to suppress all received ad-
jacent channel, intersymbol, and cochannel interference is ex-
plained in [8]. But the analysis in the above papers makes an
assumption about the channel response. A completely different
approach based on SAW filter design is presented in [9]. Here
the author presents a sophisticated design procedurefor atriple
mode SAW filter, applying extended eigen-mode analysis.

A. Design of the FIR Filter

Here we design a digital FIR receive filter as mentioned
in [10], using a cost function which minimizes the total mean
square error by considering the effect of Adjacent Channel In-
terference. Thefilter in [10] is designed for minimizing jointly
the mean square error value of the channel noise, Inter Sym-
bol Interference and Adjacent Channel Interference. However,
since our work deals mainly with Adjacent Channel Interfer-
ence, the derivations below are simplified from those in [10].

Consider the model of a communication system in which the
output signal y(z) is a combination of the transmitted signa
and adjacent channel interference. Eq. (1), defines an error
component that indicates the deviation from the desired signal

eo = y(x) — s(z) = i(z) @

In order to minimize the above error component, we first
evaluate the mean square error (MSE). Assuming uncorrelated
ACI, the M SE can be expressed as

E{eg} = E{i(x)}
E{eg} = Ugci

(29)
(2b)



where E{.} denotes the expected value of the argument and
o2.; is the variance of the ACI, which is same as the average
power.

The ACI term can be elaborated as follows. After recive
filtering, the time domain signd is i g(t)=ir(t)*h,(t), where
ir(t) and ip(t) are the time domain representations of the re-
ceived and the transmitted signals respectively and h.,.(t) is the
impulse response of the receive filter, which might be either
rectangular or root raised cosine. The variance of ACI can be
expressed as

1/2
o2 = Blin(t)*} = / S| Hr@Pd (3
—1/2

where S;(v) isthe power spectrum of the ACI signal and H g (v)
is the Fourier transform of the receive filter response. The
power spectrum of the ACI can be defined as

o0

Si(v) = Z ri(k)e 72 (4)

— 00

where r;(k)is the autocorrelation sequence of ACI:

ri(k)

Theinterference signal i1 (t) can be represented as

= E{ir(nT)i;((n + F)T)} ©)

ir(t) = sa(t) + s3(t) (69)
,/—cos 27pB.t+6,) i a;hr(t—iT—1p)
r - (6b)

where s, (t) and s2(t) are interfering signals, 6, and 7, are
the phase shift and time delay of the ith symbol, B. isthe fre-
guency spacing between the adjacent channels, a ; isthe ampli-
tude of the symbol and 2P isthe total number adjacent channels.
Using Eq. (6) and assuming that E{6,,} and E[,,} to bezero and
E{a; aj}=A?, Eq. (4) can be elaborated as

p=P
) =A% Y |Hr(v+pB.T)[? 7

p=—P

Substituting the above into Eq. (3) we get

Si (U

1/2

p=P
02, = A2 / S™ |Hr(v + pBT) | Ha(w)2do  (82)
1/ P="F

02, = hhR..ihr (8b)

where R,; is the autocorrelation matrix of the ACI. The ele-
ments of R,.; are calculated by first calculating the autocorre-
lation vector of theinterference signal and then forming a sym-
metrical matrix from its elements.

Now we define a Lagrange function to be minimized as

z(hR) = ﬂaciA2h£RacihR (9)

along with the constraint

hTwy =1 (10)

In Eq. (9) weight parameter 3,.; has been introduced in or-
der to be able to experiment with parameter valuesto determine
if non-unity values will lead to better BER performance. The
minimizing solution is found by setting the derivative with re-
spect to h g to be zero. On taking the derivative, we get

Pil’w[)
wl P~1wg
In the above equation P = B,.; A% Ra.;. Thebit energy at the

receiver input is given as E,=A2 h%c hrc, therefore P can be
denoted as

hr = (11)

Ey/No
hrchr
We see from the derivations that in order to design this filter
we need to know about the autocorrelation function of the in-
terference and the transmit filter response. The autocorrelation
function can be found by using the approach mentioned in [1].

In our work we use the above equation to design the matched
filter response for the receiver of aM-QAM system.

P = Ny—220

[ﬂacz acz] (12)

B. Adaptive Linear Filter Design

Here we design alinear filter as mentioned in [11] for linear
signa estimation when discrete time data consists of a signal
plus additive independent noise. This filter can be used when
signal probability distributions are completely unknown but the
noise mean and covariance properties are known. This partic-
ular filter can be designed using results similar to the ones de-
rived from our scheme to measure Adjacent Channel Interfer-
ence in [1]. Let s; and nj be independent sequences corre-
sponding to signal and noise respectively; the received signal is
given by z;=s;, + n. The noise sequenceis assumed to have a
zero mean, and for zero mean the autocorrelation function and
covariance function are the same. The covariance function is
givenby R,,(k, j)=E{n n;}.

Thisfilter design is based on the principle of averaging. Us-
ing the averaging operation, the effect of noise can be reduced
over the sample space, similarly here an estimate of the signal
is obtained by linear weighting of M points preceding the esti-
mated point and L points after the estimated point.

L
=) AW
j=—M

where k variesfrom 1 to N, here N isthetotal number of sam-
ples. The above Eqg. (13) can be represented in vector form as
follows

)Tkt j (13

sk = By Xi (14)

where B}V and X, are column vectors of size M + L + 1.
Now the weight vector needs to be determined from the sample
points. The ideal filter would be one which will make Eq. (13)
closeto s;,. Thereforewe need to find value of B}V whichwould
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make it possible, hence following the mean square error ap-
proach

E{si — By X3} = E{my —np — ByXi )2 (159)

= E{((Xy — ByXi) — ny)*} (15b)

= FE{(zx — ByXk)?} — E{2nk(Xy — By Xk)} + E{n3}

(15¢)

As mentioned above, we need to minimize the error. The
minimum of Eq. (15a) is obtained when

N
% S [wpprs — Rk, k +1)] (168)
k=1
L N
= Z B (N)[1/N Z Thot j Thot i (16b)
j=—M k=1

where i varies from —M to L. In matrix form we have

By=r—'g, where

N
r= I/Nzxk+j$k+i (17)
k=1
N
k=1

The above mentioned design procedure assumes that noise has
Zero mean.

IV. EMERGENCY SYSTEM DESIGN

From [1], the absolute and actual Adjacent Channel Inter-
ferencein a M-QAM system follows gamma distribution. For
this case we use the FIR filter to combat the Adjacent Channel
Interference. The FIR filter is used as a matched filter and is
therefore incorporated in the demodulator circuit as shown in
theFig. 1.

Theresultsin [1] show that the adjacent channel interference
inaM-PSK system follows exponential distribution, when the
absolute value of the deviation is considered whereasit follows
normal distribution when actual value of error is considered.
For the purpose of cal culating probability of error, the one-sided
distribution suffices, but for the purpose of filter design we need
to consider the two sided distribution of error. Hence we can
use the adaptive filter design in the M-PSK system after the
demodulation stage as shown in Fig. 2 to combat ACI .

V. SOFTWARE DEFINED RADIO

SDR is a technology which facilitates implementation of
some of the functional modulesin aradio system such as mod-
ulation, demodulation, signal generation, coding and link-layer
protocols in software. SDR helps in building reconfigurable
software radio systems where dynamic selection of parameters
for each of the above-mentioned functional modulesis possible.
For example, SDR can be used to download coefficients for a
filter block or equation of a generation polynomial for a coding
block. Sincethefilter coefficient and generation polynomial de-
termine the performance of the filter and coding block respec-



tively, a desired system can be obtained at run time by down-
loading the external parameters using the air interface [12].
SDR systemsimplementedin [13], [14] and [15] support multi-
band and multimode radio standards for such applications as
wireless LANSs and cellular phone systems, whose carrier fre-
guency ranges from 500 MHz to 9 GHz, applicable modulation
schemes of BPSK, QPSK, 8-PSK, 16-QAM, and 64-QAM, and
bandwidth of 15MHz.

For the emergency system, we propose an SDR platform
which supports multiple modulation schemes of GMSK and ei-
ther M-PSK or M-QAM. SDR would download and implement
the corresponding filter coefficients during emergenciesto min-
imize the effect of Adjacent Channel Interference.

V1. RESULTS AND DISCUSSION

In this section, we study three sets of results for M-PSK and
M-QAM systems. We incorporatethe FIR filter in the M-QAM
systems and the adaptive filter in M-PSK systems. The perfor-
mance of the various systems is evaluated in the presence of
Adjacent Channel Interference. While simulating the systems,
it has been ensured that system parameters like average power,
amount of interference, bit timings and carrier frequency are
the same for all systems.
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Fig. 3. Mean of the Deviation for M-PSK System

The first set of results shows the amount of deviation of the
received signal from the transmitted signal in the presence of
Adjacent Channel Interference M-PSK and M-QAM systems.
The value of mean of the deviation is obtained by averaging the
values of deviation for all symbols. Thisvalue of the deviation
is calculated for the various communication systems, with and
without the presence of filters. The resulting value of the mean
of the deviation is plotted against the order of the modulation.
Fig. 3 showsthevaluesof deviationfor the M-PSK system. The
plot in Fig. 4 shows the deviation for a M-QAM system. Note
that these plots show a reduction in the mean of the deviation,
which will result in significant changes in the Bit Error Rate.
As can be seen from the above plots, the use of filters helpsin
reducing the mean of the error. Also the amount of reduction
obtained for M-QAM systems using an FIR filter is far more
than that obtained for M-PSK systems using adaptive filters.

Plot of Mean of Deviation for M-QAM system affected by ACI
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Fig. 4. Mean of the Deviation for M-QAM System

Plot of the difference between recieved values with and without filtering for GMSK
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Fig. 5. Difference between the Transmitted and Received Signal Value for
GMSK System

Plot of the difference between recieved values with and without filtering for 16— PSK
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Plot of the difference between recieved values with and without filtering for 16~-QAM
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Fig. 7. Difference between the Transmitted and Received Signal Value for
16-QAM System Affected by only ACI

The second set of plots show the absol ute difference between
the received and the transmitted symbol values for GMSK, 16-
PSK and 16-QAM systemsin the presence of ACI. Fig. 5 shows
the absolute difference between the transmitted and received
value versus the symbol number for a GMSK system. For 16-
PSK and 16-QAM, two curves are shown within the plot, corre-
sponding to the difference between the received and the trans-
mitted symbol values with and without the presence of filters.
Shown in Fig. 6 isthe difference value versus the symbol num-
ber for a16-PSK system. Similarly Fig. 7 shows the difference
for M-QAM system. Asevident in the plots, the difference be-
tween the transmitted signal and the received signal islower for
systems with FIR filters which resultsin alow mean.

Plot of BER for M-PSK system
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The third set of results shows plots of bit error rate of the
communication system versus the order of the modulation. As
mentioned above, here again two curves are shown, one for the
BER in the presence of filter and the other of BER without the
filter. The plot in Fig. 8 shows the plot of BER versusthe order
of the modulation for an M-PSK system and Fig. 9 shows the
plot of BER versus the order of the modulation for an M-QAM

Plot of BER for M-QAM system
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Fig. 9. Bit Error Rate of M-QAM System

system. The BER of aGM SK system for the same set of param-
etersis 0.018. As expected in both the cases the BER increases
with the order of the modulation. It can be observed from Fig. 7
and Fig. 4 that the FIR filter hel ps achieve significant reduction
in the amount of Adjacent Channel Interference. The adaptive
filter also hel psachievereductionin noise. Although thisreduc-
tion might not seem quite significant, these small reductionsare
quite beneficia for an actual communication system where the
noise might not be as high as we have modeled it to be.

VIlI. CONCLUSION

In this paper using results of previouswork, we designed an
FIR filter and adaptive filter to combat Adjacent Channel Inter-
ferencefor an M-QAM system and M-PSK system respectively.
Results show that both filters hel p us achieve performance gains
but the improvement obtained using the FIR filter is more as
compared to that achieved with adaptive filter.

Using SDR we can design a system which can switch to an
emergency system without major changes in the infrastructure.
Hence the proposed system is a next step towards the develop-
ment of a spectrally efficient Wireless Emergency Communica-
tion System.

REFERENCES

[1] Vaghani B. and Beard C. A Scheme to Measure Error Rate of a Communi-
cation Channel in the Presence of Adjacent Channel Interference. IASTED
International Conference on CIIT, November 2004, pp 433-439.

[2] Midkiff F.S. and Bostian W.C. Rapidly Deployable Broadband Wireless
Networks for Disaster and Emergency Response. | EEE Workshop on DI-
REN, June 2002, pp. 1-10.

[3] Furuskar A., Mazur S., Muller F. and Olofsson H. EDGE:Enhanced Data
rates for GSM and TDMA/136 Evolution. |[EEE Personal Communica-
tions, June 1999, pp. 56-66.

[4] Weigel M. High Order Digital Modulation for Braodcast Networks.

[5] Mehdi H. and Feher K. FQPSK, Power and Spectral Efficient Family of
Modulations for Wireless Communication Systems. |EEE \ehicular Tech-
nology Conference, June 1994, pp. 1562-1566.

[6] Gudmundson B., Skold J. and Anderson P. Evolution of the GSM Air
Interface Into Wideband Services. |IEE Colliquium on Advanced TDMA
techniques and Applications, Oct 1996, pg. 2/1-2/5.

[7] ArdanH., GuptaC.S., Bottomley G. and Chennakeshu S. New Approaches
to Adjacent Channel Interference Suppression in FDMA/TDMA Mobile
Radio Systems. |EEE Transactions on Vehicular Technology, July 2000,
pp. 1126-1140.



[8] Milstein B.L., Pickholtz L.R. and Schilling L.D. Comparison of Perfor-
mance of Digital Modulation Techniques in the presence of Adjacent
Channel Interference. |EEE Transactions on Communications, August
1982, pp. 1984-1993.

[9] YamandaT., NishimuraK., Ishizaki T. and Ogawa K. A Sophisticated De-
sign Procedure for a Triple Mode Saw Filter Suppressing Adjacent Chan-
nel Interferences in Digital Mobile Telephones. IEEE MTTS Microwave
Symposium Digest, June 1997 pp. 833-836.

[10] Yardim A., Laskso I.T., Sabel PL. and Cain D.G. Design of Efficient
Receive FIR filters for Joint Minimization of Channel Noise, ISI and Ad-
jacent Channel Interference. Global Telecommunication Conference,18-22
Nov 1996, pp. 948-952.

[11] Davison D.L. Adaptive Linear Filtering when Signal Distribution are Un-
known |EEE Transactions on Automatic Control, October 1996, pp.740-
742.

[12] Kohno R. Universal Platform for Software Defined Radio. |IEEE Int’|
Symp. Intelligent Sg. Processing and Comm. Sys, Nov 2000, pp. 523-526.

[13] Nakgima N., Kohno R. and Kubota S. Research and Development of
Software-Defined Radio Technologies in Japan. IEEE Communication
Magazine, Aug 2001, pp. 146-155.

[14] Suzuki Y. Software Radio Base and Personal Station Prototypes. |IEICE
Trans. Communication, Nov 2000 pp. 1261-1268.

[15] Benedetto S., Biglieri E. and Castellani V. Combined Effects of Intersym-
bol, Interchannel, and Co-Channel Interferences in M-ary CPSK systems.
|EEE Transactions on Communication, Sept 1973, pp. 997-1008.



