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ABSTRACT

Impulse radio (IR) is an ultra-wideband system with at-
tractive features for baseband asynchronous multiple access
(MA), multimedia services, and tactical wireless communica-
tions. Implemented with analog components, the continuous-
time IRMA model utilizes pulse-position modulation (PPM) and
random time-hopping codes to alleviate multipath effects and
suppress multiuser interference (MUI). We introduce a novel
continuous-time Multiple Input Multiple Output (MIMO) PPM-
IRMA scheme, and derive its discrete-time equivalent model. Re-
lying on a time-division-duplex access protocol and orthogonal
user codes, we design composite linear and non-linear receivers
for the downlink. The linear step eliminates MUI determinis-
tically and accounts for frequency-selective multipath, while a
Maximum Likelihood (ML) receiver performs symbol detection.

1. INTRODUCTION

The idea of transmitting digital information using ultra-short im-
pulses was first presented in [10] and called Impulse Radio. It
relies on PPM and time diversity that is gained by repeating the
same symbol many (� 1000) times according to a random code.
The attractive features of IR can be summarized as follows: it
transmits at baseband; thus, neither intermediate frequency nor
carrier synchronization processing is needed; it consumes min-
imal power; and, it is robust against jamming and multipath.
IR has also been extended to multi-user communications in [5]
where it is known as impulse radio multiple access (IRMA). Its
principle is based on asynchronous transmissions between users
and statistical MUI cancellation relying on power control.
Subsequent works have focused on optimizing the efficiency

of IRMA by characterizing the channel [9], improving the mod-
ulation format [4], and addressing networking aspects [1]. An
application of the conventional IRMA has been considered in [7]
for the radio link in a multimedia PCS communication scenario.
In all IRMA schemes proposed so far, the multiuser interfer-

ence is randomized and only statistically suppressed provided that
(strict) power control is successfully applied. This solution may
be well motivated for ad hoc architectures but prevents one from
taking advantage of multiuser detection (MUD). Indeed, the latter
brings benefits over statistical MUI cancellation when the number
of users is small and thus the independent Gaussian approxima-

tion of the interference is no longer valid. Moreover, in their digi-
tal implementationMUD receivers facilitate channel equalization
to mitigate propagation effects. And finally, MUD alleviates the
need for power control.
We recently presented in [3] a new continuous-time modeling

approach for the PPM-IRMA and derived an approximate model
which turns out to be Single Input Single Output (SISO). We
present here the exact model which is multiple input multiple out-
put (MIMO). This model is realizable by a set of parallel linear
modulators at the transmitter and a set of parallel matched filters
at the receiver (Section 3). The input to the linear modulators
can be expressed as the output of a filterbank, fed by a non-linear
transformation of the symbols.
Relying on the time-division multiplex IRMA protocol and the

orthogonal codes designed in [2] for multi-user communications
in wireless cellular systems, we further propose digital receivers
for the downlink. They are composed of a linear filter for channel
mitigation and user separation, followed by an ML detector for
symbol recovery (Section 4).
Finally, we present performance of the different receivers (Sec-

tion 5). We first simulate the performance for the three receivers
in a frequency-selective multipath channel. Then we derive an
upper bound on the symbol error rate (SER) for the zero forcing
receiver and compare it to our simulated performance.

2. CONTINUOUS-TIME PPM-IRMA

To introduce notation and facilitate the transition from the origi-
nal continuous-time PPM to theMIMOmodel, we first review the
conventional PPM-IRMA and the novel model presented in [3] in
the single-user case.

2.1. Conventional PPM-IRMA Modeling

In PPM-IRMA, each user (say them-th) transmits each informa-
tion symbol sm(q) drawn from the alphabet f0; 1; : : : ; A � 1g
repeatedly overNf frames each of duration Tf . Specifically, let-
ting the frame index to be k = qNf + r, r 2 [0; Nf � 1] and
with bxc denoting integer-floor, the q-th symbol can be written
as: sm(q) = sm (bk=Nfc). The same signal sm (bk=Nfc) is
transmitted Nf times using a position-hopping sequence ~cm(k)
having Nc possible hops (chips) per frame. With Tc denoting
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chip duration, we thus have Tf = NcTc+Tg, where Tg is a guard
time introduced to account for processing delay at the receiver be-
tween two successive received frames (see e.g., [7]). For the k-th
frame and depending on the value nc 2 [0; Nc � 1] of the code
~cm(k) = nc, the chip-pulse (also known as the monocycle)w(t),
is positioned at the nc-th chip interval. Within this chip interval,
the monocycle is shifted by �sm(q) to implement the PPM. With
these notational conventions, the m-th user’s transmitted wave-
form is given by (see e.g., [4]):

vm(t) = P

+1X
k=�1

w(t � kTf � ~cm(k)Tc � �sm(b k
Nf

c)); (1)

where P is the amplitude which controls the transmitted power.
The code cm(k) is a periodic pseudo-random sequence [5] with
period P~c. We will restrict this period to be an integer multiple
of the number of frames, i.e., P~c = KNf . Such a block-periodic
code that will be adopted henceforth, implies a block spreading
operation where each block of K information bearing symbols
fsm(qK); sm(qK + 1); : : : ; sm((q + 1)K � 1)g is spread by
the same hopping sequence overKNf frames. The parameterK
can be easily adjusted and turns out to be the number of transmit
symbols per burst in the TDD protocol proposed in [2].

2.2. Novel PPM-IRMA Modeling

It has been shown in [3] that (1) can be re-expressed as:

vm(t) = P

A�1X
a=0

vm;a(t) (2)

where each vm;a(t) is a linear modulator given by:

vm;a(t) =

+1X
n=�1

um;a(n)wa (t� nTc) ; (3)

with wa(t) := w(t� �a). Sequence um;a(n) is deduced from the
symbols and the hopping sequence by

um;a(n) := �a (sm(bn=(NcNf )c)) cm(n); (4)

where �a(�) is a non-linear function defined by:

for s; a 2 [0; A� 1]; �a(s) :=

�
1 if s = a;
0 otherwise;

(5)

and where cm(n) is deduced from ~cm(n) as:

cm(n) =

(
1 if ~cm (bn=Ncc) = n� bn=NccNc;

0 otherwise:
(6)

Moreover, (4) can be implemented with a discrete-time filter-
bank as shown in Fig. 1 where cm;k(p) is defined as:

cm;k(p) =

(
cm(p); for kNfNc � p � (k + 1)NfNc � 1;

0 otherwise:

Hence, the continuous-time PPM-IRMA transmission with
block-periodic codes can be depicted as in Fig. 2, where the no-
tation F (K;N1; cm) stands for the filterbank precoder of Fig. 1.
Unlike the conventional model, we have assumed here for sim-

plicity that Tg = 0. In fact, our novel model encompasses the
case Tg 6= 0 as well, by setting Tg = NgTc, with Ng integer and
restricting the sequence ~cm(n) to take its values in [0; N 0

c � 1]
where N 0

c := Nc �Ng. For the rest of the paper, we will assume
that Tg = 0.
This novel model can be approximated (see [3]) by moving

the continuous delays �a into the modulating sequence um;a(n)
which increases the symbol rate of the linear modulators in (3).
This leads to a SISO discrete-time equivalent model involving
one transmit filter and one receive filter along with a sampling
rate greater than 1=Tc.
We present next the exact discrete-time equivalent model for

the novel PPM-IRMA representation which is MIMO.

3. THE DISCRETE-TIME MIMO MODEL

The transmitted symbols are sent at a rate 1=Tc, and we sample
the received signal at the same rate. Adhering to PPM, this can
only be achieved by passing the received signal throughA parallel
filters matched to the pulses wa(t) prior to sampling. We thus
arrive at the MIMO continuous-time PPM-IRMA transmission
model shown in Fig. 3 in the single-user case where hm(t) is the
propagation channel impulse response.
It follows from (2) and (3) that the chip-sampled matched filter

output of the b-th branch at the receiver is:

ym;b(n) = P

A�1X
a=0

+1X
k=�1

um;a(k)hm;b;a(n� k) + �b(n)

with hm;b;a(n) := wa(t) ? hm(t) ? wb(�t)jt=nTc , and �b(n) :=
�(t) ? wb(�t)jt=nTc where ? stands, for convolution.
Casting (4) into a matrix form, we can express the i-th

transmitted block of the a-th branch um;a(i; p) of length N1

by the N1 � 1 vector um;a(i) = Cm �a (sm(i)), where
sm(i) := [sm(iK); : : : ; sm((i + 1)K � 1)]T is the K � 1
vector representing the symbol block of length K with the fol-
lowing notational convention: �a(sm(i)) := [�a(sm(iK)); : : : ;
�a(sm((i + 1)K � 1))]T , and Cm := [cm;0 : : : cm;K�1] de-
notes the N1 � K code matrix of user m with k-th column
cm;k := [cm;k(0); : : : ; cm;k(N1 � 1)]T .
At the m-th receiver, according to the TDD-IRMA protocol

in [2], it suffices to collect the first NL1
:= N1 + L1 samples

per transmitted burst to enable symbol recovery. Parameter L1
depends on the propagation channel length and the asynchro-
nism between users. Let L denote the number of samples be-
tween two transmitted bursts. Then, the i-th NL1

� 1 received
block corresponding to the b-th branch, defined as ym;b(i) :=
[ym;b(iL); : : : ; ym;b(iL+NL1

� 1)]T , can be expressed as:

ym;b(i) = P

A�1X
a=0

Hm;a;bum;a(i) + �b(i) (7)
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where �b(i) := [�b(iL); : : : ; �b(iL+NL1
�1)]T andHm;a;b are

NL1
�N1 Toeplitz convolution matrices given by:

Hm;b;a =

0BBBBBB@

hm;a;b(0) � � � 0
...

. . .
...

hm;b;a(L) hm;b;a(0)
...

. . .
...

0 � � � hm;b;a(L)

1CCCCCCA : (8)

We can re-express (7) for b = 0; : : : ; A � 1 by defining the
NL1

A � 1 vectors ym(i) := [yTm;0; : : : ;y
T
m;A�1]

T which leads
to:

ym(i) = P Hmum(i) + �(i); (9)

where um(i) := [uTm;0; : : : ;u
T
m;A�1]

T , �(i) := [�T0 (i); : : : ;

�TA�1(i)]
T , and Hm is a block NL1

A � N1A matrix given by:

Hm :=

0BBB@
Hm;0;0 Hm;0;1 : : : Hm;0;A�1

Hm;1;0 Hm;1;1 : : : Hm;1;A�1
...

...
. . .

...
Hm;A�1;0Hm;A�1;1 : : : Hm;A�1;A�1

1CCCA : (10)

4. DIGITAL RECEIVERS FOR THE DOWNLINK

We describe here three linear receivers for the downlink of a cel-
lular multiuser scheme, using the time division duplex and the or-
thogonal code design described in [2]. We assume that the known
channel is time-invariant but adaptive variants of these receivers
or successive interference cancellers can be also derived to han-
dle slowly-varying channels. Although not considered here, non-
linear receivers such as DFEs (see e.g., [6]) are also applicable.
Because PPM is a non-linear modulation, the receivers will op-

erate in two stages: 1) a linear filtering stage to eliminate channel
effects and separate the users; and, 2) a non-linear processing
stage to recover the symbols.
The i-th transmit symbol block for the downlink is given by:

u(i) =
PNc�1

�=0 u�(i), while the received block at the m-th re-
ceiver is:

ym(i) = P Hmu(i) + �(i): (11)

Based on the vector model (11), a multichannel FIR receiver can
be described by a matrixGm of dimensionKA �NL1

A as fol-
lows: b�

sm(i) = Gmym(i) = P GmHmu(i) + ��(i); (12)

where b�sm(i) := [b�T0 (sm(i)); : : : ; b�TA�1(sm(i))]T is theKA�1
estimated vector of the symbols transformed by the non-linear
function �(�), and ��(i) :=Gm�(i) is the filtered noise.
Depending on howwe selectGm, we obtain different linear re-

ceivers and possible choices include: Zero Forcing (ZF),Matched
Filter (MF), and Minimum Mean Square Error (MMSE). These
receivers are given by:

- ZF (a.k.a. Decorrelating) Receiver

GZF
m := diag

�
CT
m; : : : ;C

T
m

�
(HT

mHm)�1HT
m=Nf : (13)

- MF (a.k.a. Rake) Receiver

GMF
m := diag

�
CT
m; : : : ;C

T
m

�
HT

m=Nf : (14)

- MMSE Receiver

GMMSE
m := �mH

T
m

�
�
��

+HmFH
T
m

��1
(15)

where F is an N1A�N1A block matrix:

F :=

0B@ F0;0 � � � F0;A�1
... � � �

...
FA�1;0 � � � FA�1;A�1

1CA (16)

with N1 �N1 blocks given by: Fp;q :=
PNc�1

k;`=0Ck�p;k;q;`C
T
` ,

where �p;k;q;` := E
�
�p(sk)�

T
q (s`)

�
is K �K. Matrix �

��
:=

E[�(i)�T (i)] isNL1
�NL1

, and block matrix �m isKA�N1A:

�m :=

0B@ �m;0;0 � � � �m;0;A�1
... � � �

...
�m;A�1;0 � � � �m;A�1;A�1

1CA (17)

with K �N1 blocks given by: �m;p;q :=
PNc�1

�=0 �p;m;q;�C
T
� .

Due to its structure, matrixHm in (10) is not guaranteed to be
full rank and therefore the ZF receiver (13) might not always exist
(unlike the SISO model in [3]). When it is full rank, the output of
the ZF receiver is equal to �sm+GZF

m � which shows that MUI is
suppressed and then leads to (almost) error-free symbol recovery
in the noise-free (high SNR) case.
Therefore, assuming that the noise �(t) is Gaussian, the opti-

mal detector in the ML sense is given by:

bsm(i) =arg min
s

kb�
sm(i) � �

s
k2
��1

(18)

where � := E[��(i)��T (i)] = Gm���G
T
m is the correlation ma-

trix of the filtered noise ��(i). Although this detector is optimal
only for the ZF receiver, it will be used also for the other receivers
(MF and MMSE).

5. PERFORMANCE

We first present a simulation example of the proposed downlink
receivers in a frequency selective multipath environment and then
derive an upper bound on the SER for the ZF receiver which is
compared to the simulated perfromance.

5.1. Simulation Results

We present here simulations to illustrate the behavior of the dif-
ferent receivers for a given propagation channel and a set of pa-
rameters. The selected configuration is: a binary PPM modula-
tion (m = 1), 4 users (Nc = 4), 2 symbols per burst (K = 2)
and one frame (Nf = 1). Following [7] we have chosen: a
frame duration Tf = 100 ns and a maximum delay spread equal
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to 100 ns, hence a the chip duration Tc = Tf=Nc = 25 ns
and a channel length L1 = 4. Assuming the same guard time
for the uplink and the downlink, we deduce that the bit rate is
D = mK=(2(N1 + L1)Tc) = 3:33Mbit/s.
The channel is modeled with 400 paths equally spaced in time

within the maximum delay spread. The amplitude of each path is
taken as a Gaussian variable and is linearly weighted to decrease
to zero at the maximum delay spread (see e.g., Fig. 9 in [7]).
Thus, the continuous channel is given by:

hm;a;b(t) =

399X
k=0

ckrw(t+ �b � �a � kTp)(1� k=400) (19)

where Tp = 0:25 ns, ck are independent zero mean Gaus-
sian variables and rw(t) is the autocorrelation of the pulse
shape function w(t). In the PPM-IRMA system the re-
ceived signal is the second derivative of the Gaussian functionp
�3=3(2=�)1=4 exp(�t2=�2) (normalized to have rw(0) = 1);

hence, we have rw(t) = exp(�t2=(2�2))[1�2(t=�)2+(t=�)4=3]
where the parameter � = :1225 ns is adjusted to have a pulse
width equal to 0:7 ns (see e.g., [8]). Fig. 4 shows a realization of
the channel hm;0;0(t) defined in (19).
Fig. 5 depicts the SER for the three receivers for one channel

realization. We see that the rake performs poorly and exhibits a
BER floor when the SNR goes to infinity. The MMSE performs
the best while the ZF remains close to the MMSE.

5.2. Symbol Error Rate Bound for the ZF Receiver

Because the linear stage of the ZF receiver cancels the effect of
the channel and therefore the MUI, we can derive an upper bound
for the SER. Provided that the matrix Hm is invertible in (11),
the output of the linear filter (13) can be expressed as: b�sm =
�sm +GZF

m �. Then, given the symbol sm, the error probability
for the ML detector is given by:

Pe(sm) = Pr

8<: [
s2Dsnsm

ÆT
s
��1Æ

s
+ 2�T (GZF

m )T��1Æ
s
< 0

9=;
where Ds is the set of all possible symbol vectors s, and Æs =b�sm � �s. Introducing the notation: ds = ÆT

s
��1Æ

s
and vs =

2(GZF
m )T��1Æs, the probability of error can be approximated

using the union bound by:

Pe(sm) �
X

s2Dsnsm

Pr
�
ds(sm) + �Tvs < 0

	
; (20)

where d
s
(sm) is a constant and �Tv

s
is a random Gaussian

variable with zero mean and variance equal to �2 = vT
s
v
s
�2� ,

with �2� = E[�2(n)]; hence, we find Pr
�
ds(sm) + �Tvs

	
=

1
2erfc

�
ds(sm)=(

p
2vTs vs��)

�
. Assuming that the symbols are

equally probable, the SER for a given vector is equal to pAKPe(sm)

where pAK = 1
AK

PK
i=1 ni � (i=K) is the SER induced by a vector

of length K with symbols drawn from an alphabet of size A and
where ni is the number of time i errors occur in this vector. We

can show that ni =
�
K
i

�
(A � 1)i so that pAK = A�1

A which is
independent ofK. Thus, we obtain:

SER(sm) =
A� 1

A
� Pe(sm); (21)

from which, using (20), we deduce the following SER upper
bound:

SER �
A� 1

2A(K+1)

X
si2Ds

X
s2Dsnsi

erfc

 
ds(si)p
2vT

s
v
s
��

!
: (22)

Fig. 6 shows that for the same channel and parameters of Fig. 5,
the SER of the ZF receiver and the bound given by (22) are very
close.
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Figure 1: Filterbank implementation of the PPM-IRMA spread-
ing for branch a (N1 = KNfNc).
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Figure 2: Continuous-time PPM-IRMA model (mth-user).
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Figure 3: MIMO PPM-IRMA model (mth-user).
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Figure 4: Example of channel impulse response for hm;0;0(t) us-
ing model in (19) with maximum delay spread equal to 100 ns.
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Figure 5: BER vs. Eb=N0 for ZF, MMSE and MF receivers in
the binary case using MIMO channel model in (19) and K = 2,
Nc = 4, Nf = 1.
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Figure 6: Comparing simulation vs. upper bound in (22) for the
ZF receiver with the same parameters as in Fig. 5.
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