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Abstract—The approach of time division multiplexing (TDM)
within an integrated wireless receiver to reduce the power, area
and cost of multiple antenna receivers is studied. A solution is
proposed to address the cross-interference between multiplex
channels that affected previous attempts at TDM for multiple
receive antennas. Detailed analysis from a radio system viewpoint
is provided for when TDM is used as a low complexity hardware
technique for managing multiple antenna channels. Simple closed
form noise figure relations in terms of the number of multiplex
channels and the anti-alias filter rejection are developed. Noise
figure expressions that relate an individual TDM amplifier or
TDM amplifier array’s noise figure to that of a regular static
amplifier are also given. These simple relations provide a quick
method of determining expected noise figure of such systems. A
four-antenna 2.4 GHz LNA array circuit in CMOS is designed
in a 0.18-m technology. The noise and linearity performance of
this circuit is measured to verify the developed theory. The results
obtained show close agreement with the developed model of the
TDM-based multiantenna receiver system.

Index Terms—Amplifiers, array signal processing, diversity
methods, multiple-input-multiple-output (MIMOQO), switched cir-
cuits, switching circuits, time division multiplexing (TDM).

I. INTRODUCTION

RADITIONAL single antenna wireless communications
T receivers are hard pressed to provide improvements in
system capacity and reliability demanded of present day cellular
and broadband wireless systems. These challenges have led to
the development and deployment of methods such as diversity
[2], [3] , adaptive beamforming [4], and multiple-input-mul-
tiple-output (MIMO) [5] to boost spectral efficiency of the com-
munication link as well as improve system robustness. One char-
acteristic common to all these methods is the use of multiple
antennas at the transmitter and/or receiver, often under the um-
brella of smart antenna technology [1]. Digital cellular tech-
nologies such as 3.5 and 4 G, and wireless networking tech-
nologies such as IEEE 802.11n/WLAN and 802.16e/WiMAX
have adopted multiantenna techniques as an integral part of their
standards. The other reasons for the use of multiple antennas in
wireless transceivers are to support operation across disparate
frequency bands and simultaneous multi-standard wireless op-
eration. The commercial state-of-the-art [15], [16] in integrated
antenna array wireless systems is the replication of receiver
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chains by brute force for each antenna element to leverage the
advantages of sophisticated digital signal processing (DSP) at
baseband. The duplication of receive circuits results in a linear
increase in power consumption and cost in circuit area for each
additional receive path included in the implementation. Signal
combining at RF or IF following conventional phase shifting
networks in the RF [17], IF or LO [18] signal paths is the other
alternative. These combining approaches, although lowering the
chip area and power to various degrees depending on the loca-
tion of signal combining in the receive chain, are cumbersome
to implement and control. They also result in the loss of spatial
multiplexing (SM) gains provided by true MIMO. The loss in
SM gains is because individual antenna information is no longer
available following signal combining.

The twin trends of greater antenna diversity and availability
of cheaper digital processing closer to the antenna in the receiver
chain has created a need for low power, small silicon footprint
hardware in the spirit of low cost CMOS integration. This has
spurred the development of receiver circuits which support an-
tenna diversity while keeping duplication of critical high power
front-end circuits to the minimum. Many alternative receiver ar-
chitectures are possible for accommodating antenna arrays and
adaptive beamforming, which are becoming increasingly preva-
lent because of the numerous advantages they offer [1]-[5].

Due to the low cost and increasing integration possible with
scaled CMOS technologies, one method that is highly attrac-
tive is the concept of antenna switching for time division mul-
tiplexing (TDM) onto a single receive channel. In this method,
which has a long history [7]-[11], a reduction in RF hardware is
obtained by switching individual elements of the antenna array
onto a single RF channel. The switching is done at a high enough
rate for the desired signal modulation at each antenna to be re-
coverable by digital processing at baseband.

The possible use of a rotating antenna switcher to sample an-
tenna signals in a diversity reception system was proposed as
early as 1931 by Beverage and Peterson [9] in their work that ad-
dresses the fading phenomenon in short wave radiotelegraphy.
However, implementation of the switcher was not described in
their work. There is, however, an acknowledgement of likely
difficulty in achieving receiver selectivity due to the sidebands
generated in such an antenna switching system. Interestingly it
is very much the same reasons that has held back or led to the
pursuing of a different approach [19] in recent history.

The formal theory of time division multiplexing was pre-
sented in a treatise by Bennett [7] in 1941. This classic work be-
sides developing the general theory of time division multiplex
systems, also discusses its implications on the bandwidth and
crosstalk of these systems. Bennett’s treatment also predicted
that the restrictions on gain and phase characteristics would be
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Fig. 1. TDM front-end multiantenna integrated receiver architecture.

stringent if economy of the bandwidth is desired in the multi-
plex systems. Some of the origins of what was formalized as
the sampling theorem by Shannon in 1948 are clearly visible in
this early work. A detailed historical account that traces the evo-
lution of the TDM idea to the present day sampling theorem is
available in [8]. Another paper on TDM important from an his-
toric context is [12] that analyzes and offers closed form results
for multiplex channel crosstalk.

The spatial multiplexing of local elements (SMILE) scheme
for digital beamforming [13] is another recent avatar of the an-
tenna switching idea. The SMILE work demonstrated a low-
complexity proof of concept system for processing microwave
phased array signals by multiplexing them in time. The proto-
types developed showed experimental results for beamforming
and direction of arrival estimation. They were implemented as
antenna arrays incorporating discrete switching devices on a
circuit board. The passive diode switches used in their initial
work gave rise to problems with noise and speed of the array
antenna system. The amplifying switching elements used later
reduced these problems somewhat, but the problems associated
with changing antenna loading due to the multiplexing action of
the switches still remained [14]. Careful design of the array feed
network therefore became necessary. Moreover the developed
structures were bulky and not amenable to easy integration. The
SMILE architecture as presented by Itoh et al. envisions the use
of multiple channels with multiple analog-to-digital converters
(ADC:s) for IF/baseband processing.

In [19], a single pair of ADCs is used for a dual-antenna
system by shifting the antenna signals to positive and negative
frequencies of a complex spectrum. One major downside to this
technique is that it is restricted to systems with two antennas
only.

Another more recent work [20] proposes the combining of
signals at the RF stage after spreading them with mutually or-
thogonal code sequences, like in the CDMA system of com-
munications, following which a single receive chain can be uti-
lized. As in the TDM case presented here, this system runs into

the challenge of having to contend with RF input signals that
are inherently wideband. Hence unless the front-end code mod-
ulation is done at very high, carefully managed rates, it is ex-
pected to suffer difficult noise and interference aliasing prob-
lems. A consequence of using high code modulation rates to
overcome these problems is the requirement of parallel non-dig-
ital de-spreading circuits prior to digitization. Compared to an
equivalent TDM system, therefore, the required high switching
rates could make the baseband circuitry larger, more complex
and challenging to design. However, the additional baseband
hardware could simplify timing synchronization issues com-
pared to a TDM approach. Moreover, successful implementa-
tion of this signal combining scheme could lead to some band-
width savings compared to techniques such as TDM.

As is evident from the previous discussion, there have been
other publications in the past that have proposed TDM or TDM-
type solutions to the multiple antenna problem. However, to the
authors’ knowledge this is the first detailed treatment from a
radio hardware perspective of the application of TDM to the de-
sign of a multiantenna receiver front-end. Following the anal-
ysis, the integration of RF front-end circuitry for time division
multiplexing in an RF CMOS process is demonstrated. It is de-
signed to explore the performance of a low power, low cost,
low complexity, high speed/bandwidth, integrated front-end for
multiple antenna receivers. Since high speed multiplex switches
are relatively straightforward to implement in CMOS processes,
it adds to the time multiplexing scheme’s appeal. CMOS cir-
cuits also provide the wide signal path bandwidths inherently
required by time multiplexed signals. The time multiplexed ar-
chitecture is compatible with existing and developing trends in
integrated CMOS receiver design.

II. TDM FOR MULTIANTENNA RECEIVER

A. System Overview

The system block architecture for a TDM multiantenna re-
ceiver is shown in Fig. 1. In the front-end, RF signals from an
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N element antenna array are merged into a single RF signal path
by high speed switches after the active (amplifying) devices that
are incorporated following the antennas. The multiplexed signal
is then downconverted to baseband or low-IF by a direct conver-
sion or a low-IF downconversion mixer.

The hardware cost savings of this multiple antenna receiver
architecture is significant. The number of mixers and ADCs are
reduced by a factor of N — 1 for an NV antenna receiver. The
real advantage of the TDM architecture lies in the simplicity of
hardware, and the possibility of time sharing hardware at both
RF and baseband in contrast to the code modulation architec-
ture [20]. Also this arrangement for multiple antenna RF re-
ceivers leverages the increased bandwidth available as a result of
process technology scaling. With digital processing becoming
cheaper and more powerful, this architecture would prove very
attractive for antenna array systems because of the greater flexi-
bility offered with minimal hardware overhead. The digital flex-
ibility permits reuse of the same general receiver circuits in dif-
ferent antenna diversity applications such as spatial diversity,
adaptive beamforming and MIMO-SM.

As a multiplexed receiver, only one switch of the array is
active at a time. This may be in the form of selection diver-
sity switching or periodically rotated switching—time division
multiplexing—at high rates for maximal-ratio, equal-gain com-
bining or MIMO-spatial multiplexing operation. The discussion
in this paper is restricted to time division multiplexing which is
significantly more challenging, and rewarding, than selection di-
versity switching. The rotating switch combines the multiple an-
tenna signals sequentially in time, and then uses one signal path
to downconvert and digitize the single multiplexed signal. The
switch rate would usually be much higher than the information
symbol rate at the antennas, yet significantly lower than the RF
carrier frequency. The multiplexed signal path has to be wide-
band in order to ensure the multiplexed channels do not inter-
fere with each other, i.e., information from one time slot smear
into another time slot, much like the inter-symbol interference
(ISI) encountered in digital communications. This implies that
the multiplexed signal cannot be subjected to channel select fil-
tering. This has been a major stumbling block that has prevented
the implementation of the TDM scheme in prior work [19] on
multiantenna receivers. The solution proposed in this work is
to implement a baseband circuit that demultiplexes the down-
coverted signal, applies channel select filtering on the individual
antenna channels and then remultiplexes them for digitization
by a single ADC. This analog baseband circuit is functionally
equivalent to a digital decimator, and is indicated as a decimator
in Fig. 1. The emergence of discrete-time charge-domain signal
processing solutions for alias reject filtering in digital radio ar-
chitectures [21] allows for the possibility that such a decimator
circuit can be devised and implemented on an integrated circuit.
All sampling and resampling operations right from the front-end
onwards (including multiplexing) would have to be under syn-
chronous clock control. The degree of mismatch in synchroniza-
tion between the multiplex and demultiplex stages due to imper-
fections in the switch control signal distribution is an important
concern in this architecture. These imperfections include skew
and jitter [22], whose effects become more prevalent at higher
switching rates. But, the clock derived switch control signals

being within a single die are more easily managed compared to
wireline or wireless TDM communication links.

B. TDM Receiver Theory

Natural sampling is the simplest of sampling processes in-
volving switch gating of analog waveforms as opposed to im-
pulse and flat-top (zero-order hold) sampling. Natural sampling
may also be termed rectangular pulse sampling. This type of
sampling is therefore well suited for RF signals as other types
of sampling place more stringent requirements on the hardware.
The only major difference is that conventionally the technique
and analysis is applied to bandlimited baseband signals sampled
at traditional Nyquist rates and above. In the multiplexing con-
text, natural sampling will be done at rates significantly lower
than the RF carrier frequency, i.e., the RF signal is bandpass
sampled.

The basic requirement for recovering data from each of the
antenna elements is given by the bandpass sampling theorem
[1]. With a real-valued bandpass signal bandwidth of B centered
at carrier frequency f., spectral aliasing considerations specify
that each element of the array must be sampled at a rate f; given
by

2f. + B 2f.— B
f;gfsgfg 1)
q q—1

where ¢ in an integer given by
fo 1
1<g< | =+ =1|. 2
_(1_{B+2 2

Bandpass sampling considerations indicate that this fre-
quency translation or aliasing action will demand that B
essentially be the entire receive bandwidth as stipulated by
the communications standard. Bandwidth B would ultimately
be determined by the band rejection provided by the RF filter
immediately after the antenna, as anything outside the passband
has potential for folding into the desired signal band due to the
multiplexing operation. The theoretical minimum sampling rate
is a pathological case corresponding to integer band positioning
of the bandpass signal. This minimum sampling rate condition
is simply stated as

fs 2 2B. 3)

If u as the oversampling factor above this minimum rate, f;
is rewritten as

f, = 2uB. )

Condition (3) is not sufficient in the choice of f; as an arbi-
trary selection could lead to corruption of message signal spec-
trum by an undesired overlapping of aliases. The optimum f;
corresponds to the quadrature sampling case and is tied to f. by

fo= 2

= Zprc (5)

where p is an integer. Under this additional condition the signal
spectrum and its aliases are optimally spaced away from each
other, easing downconversion and filtering requirements in the
receive path. At this sample rate the phase difference between
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Fig. 2. LNA switch control pulses.

adjacent samples corresponds to 7 /2 at center frequency f. im-
plying that if the samples are sorted into odd and even sequences
they may be processed in quadrature.

In the context of the multiplex system analysis, sample rate
will refer to f5, the pulse rate per antenna channel and multiplex
rate to foux, the overall rate for all channels being multiplexed
into a single RF stream. For the [V element array, the multiplex
rate will be

fmux:NfS:2uNB- (6)

The switch control pulse train for time division multiplexing
is shown in Fig. 2. The pulse interval is T" corresponding to a
frequency f; = 1/T, and the pulse “ON” duration is 7 = T'/N.
The pulse train corresponding to the nth antenna channel may
be expressed as

- t—kT —nr - t—kT
- 5 0(H) (o)
k=—oc0 k=—oc0
(N
where TI(%) is the rectangular function defined as
1, if<05
(t) = { 0.5, if|t|=0.5 (8)
0, if|t|> 05
The Fourier transform of p,,(t) is given by
Pu(f)= 32 Pue™?T8(f = mf)
= Y PueNs(f—mf) )

where P, are the coefficients of the rectangular pulse train po(t)
in its Fourier series representation and is given by

P, =

mmrler) _ Lgne (Z5). o)

mm -N sinc N
The unnormalized sinc function is used in (10). The spectrum

of the pulse train po(¢) is depicted in Fig. 3.
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Since ultimately individual antenna signals are of real impor-
tance for any meaningful baseband processing, it is their prop-
erties that need to be studied. It is also necessary to ensure that
these individual signals are not unduly corrupted by any of the
signal processing happening in the time shared receiver. On a
per antenna channel basis, the result of the multiplexing oper-
ation is analogous to that of natural sampling, and may be ex-
pressed in equation form as

ns(t) = L (t)-Pn(t) (1)

where z,,(t) is the time domain RF signal at the nth antenna.
In frequency domain, this may be expressed as the following
convolution operation:

Xos () = Xa(F)xPu(f)
= Y PuePNXL(f —mf)  (12)

m=—0oo

where X,,(f) is the spectrum of the bandpass RF signal at the
nth antenna.

Several important inferences may be drawn from (10) and

(10), and Fig. 3.

1) If sections of the RF signal corresponding to each antenna
channel are considered individually, replication of the
original bandpass spectrum would be evident due to their
sampled nature, the sampling being done with rectangular
pulses. The spectral components repeat at intervals of
fs in the frequency domain and their envelope has the
characteristic sinc(z) shape.

2) The maximum power in the multiplexed signal spectrum is
concentrated at f. corresponding to the main tone (m = 0)
of the pulse spectrum. The contribution of tones decrease
as one moves away from the center of the pulse spectrum.

3) As 7T — 0 or equivalently N — oo, pulse train becomes an
impulse train and so does the pulse spectrum, spreading
energy over all aliases in the multiplexed output equally
while simultaneously reducing the signal power at each
alias.

4) The zeroth replica (rn = 0) power per antenna channel
drops by 1/N? as aresult of the multiplexing action. This is
often expressed as the pulse desensitization factor, the dif-
ference in magnitude of the peak pulse power and the main
lobe power equal to —20 log (duty cycle) or 20log(N) in
dB scale. At the same time, the total signal power per an-
tenna channel falls by 1/N.

The RF signal spectrum per antenna channel is depicted
in Fig. 4. The solid line shapes are aliases of the bandpass
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Fig. 4. Spectral components per antenna channel in TDM RF output.

content lying in the positive frequency region of the original
(nonmultiplexed) spectrum and the dashed line shapes the
negative frequency content that has aliased into the positive
region. Quadrature processing would eliminate the negative
(or positive) frequencies of the original spectra, thus offering
the possibility of reduced f;. This however comes with an
area/power penalty.

The composite output from the multiplexer is simply a com-
bination of the naturally sampled signals from the N antenna
channels. The composite output of the multiplexer has spectral
energy at multiples of f; that should not be completely filtered
out by any image reject filter following the LNAs. This is be-
cause any filtering to remove these spectral bands would lead to
“cross-interference” between antenna channels that would make
recovery of these channels impossible by simple demultiplexing
at baseband [7], [12], [19]. The minimum theoretical bound for
the number (W) of switching aliases around the center fre-
quency to be passed in a TDM system to have the possibility
of zero interchannel crosstalk is worked out by Bennett [7] to
be

W >N (13)
where N is the number of multiplexed channels. This bound is
specified and valid for multiplex systems that employ impulse
sampling. In practice the number of aliases required to minimize
crosstalk would be more than N. The actual number of aliases
allowed to pass through determines the multiplex signal band-
width. In this context, since the noise (image-reject) filtering is
eliminated or less stringent in direct conversion architecture or
the low-IF architecture, these appear to be most suitable down-
conversion schemes for the TDM receiver.

Mathematically the composite output may be written in the
time domain as

N—-1

T = 3 s = 3 wa®) palt) (14

where Zmux(t) is the multiplexed output and by using the lin-
earity property of the Fourier transform, in the frequency do-
main as

N-1

> Xnlf)

n=0
0o N-—

>

m=—0oo

K (f) =

1
e_j27rmn/NXn(f —mfs) (15)

n=0

Fig. 5. Spectrum of TDM RF output.

where X nux (f) is the spectrum of the multiplexed output. Since
the antenna signals are all bandpass filtered to occupy the same
spectral band, chopping up and serializing these pulsed RF sig-
nals with the switching waveforms shown in Fig. 2 would re-
sult in a composite output that has the original frequency band’s
spectral energy spread out over the harmonics of the switching
function. In this respect the output from the LNA stage of the
TDM receiver is different compared to that in a conventional
single-path receiver. The output spectrum of the TDM front-end
would appear as shown in Fig. 5.

Assuming a direct conversion scheme, the mixer would trans-
late the entire composite signal spectrum of Fig. 5 down to base-
band as in the conventional case. The multiplexed signal path
cannot be subjected to channel select filtering due to cross-in-
terference considerations. Hence, the multiplexed signal band-
width would be too high for a single ADC to be able to handle.
Therefore the signals will have to be decimated to lower rates if
they are to be digitized by a single ADC. This decimation will
require that each of the antenna channels be separated, i.e., de-
multiplexed in some form, before subjecting them to subband
or channel select filtering. The rate change structure will slow
the signal rates down to speeds that the ADC can handle.

The decimation, besides low pass filtering the demultiplexed
signals, can include characteristics to reject the unwanted com-
ponents at multiples of f. The filter cutoff frequency f,, should
satisfy

Bsub fs Bsub

where B, is the bandwidth of the desired wireless subband
within the receive band of bandwidth B, and d is the downsam-
pling factor in the decimation. Also,

B
B sub S E .
The subband could contain one or more wireless channels, each
of bandwidth B.;,.

The ADC sample rate may now be written as

Jmux  Nfs u
= = = _N 2B .
fADC d d d ( )

(16)

7)

(18)

Once digitized, the antenna signals may be subjected to ad-
ditional channel select filtering to select channels of bandwidth
B.j, before the enhanced multiantenna signal processing steps.
The decimation structures’ and the ADC’s own spectral char-
acteristic would be superimposed on the demultiplexed digital
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data streams. Their spectral response envelope would contain
factors of the form sinc(az), where a is a constant relative to the
incoming sample rate. The final spectral shapes may be shaped
by these sinc envelopes to provide nulls at predetermined fre-
quencies to reject strong interferers.

C. Noise Analysis of TDM Receiver

The following noise sources are primarily relevant to noise
analysis in a TDM system:

(a) input thermal noise;

(b) device added white noise;

(c) phase noise (jitter) of switching clock.

In the noise analysis presented, only the wideband noise
sources (a) and (b) that could be aliased inband are considered.
Although it is expected that (a) and (b) noises will dominate,
a more complete analysis should also take into consideration
the impact of (c). The analysis of noise and SNR in the TDM
case is very much like it is done for mixers, with the LO in the
mixer being replaced by the switching clock pulses in this case.
Mixers are generally analyzed as linear periodic time variant
(LPTV) systems following the approach laid out in [23].

To allow a comparison TDM noise with a simpler case, the
noise factor of a single amplifier of gain G is stated as

(%)in _ L Now P Nai
Fam = o= oup:1+ G :1+ «@
v ( %) out G Ninp Ninp Ninp

19)

where

Noutp available inband output noise power;

Ninp available inband input noise power from the source;
N,
Nai

added noise power from the amplifying device(s);

input referred added noise power from the amplifying
device(s).

The following general assumptions are made in the analyses
that follow.

1) The gain G is wideband (over the multiplex signal band-

width).

2) The available input noise N;,,(f) is white and stationary.

3) The bandpass filter is noiseless; the in-band filter loss is
absorbed into the amplifier stage that follows, therefore the
in-band gain is 1 and the out-of-band attenuation is L.

4) The out-of-band input noise Nj,, is filtered by the anti-
aliasing front-end bandpass filter (Nin, = Ninp/L where
L is the attenuation factor). The out-of-band is considered
to be at all harmonics outside of the main m = 0 harmonic
of the noise transfer function H,,(f).

5) The device added noise is white, stationary, and unfiltered
(Nao = Nup = N,).

6) The switching is ideal, with zero rise and fall times. The
switching devices have perfect “ON” and “OFF” states, and
are themselves noiseless.

In the case of a time division multiplexer, the noise per mul-
tiplexed channel is analyzed first. In order to do this, the multi-
plexing portion of the circuit is divided into different stages as
shown in Fig. 6. The first stage is the filter stage, followed by
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the amplifier and then the switching stage which is actually re-
sponsible for the LPTV properties of the system.
The noise output from the amplifying stage is simply
Nout_amp(f) = GNout_filt(.f)- (20)
By using the relations developed in [23], the noise output of
the LPTV stage may be written as

outp =G Z

m=—0oo

f(‘ | Nout_ ftlt(fc+mf5) 21

where H,,(f.) is the noise transfer function at the RF carrier
frequency, and is formally defined as

> 1 [ , _
Hp(fe) :/ [T/o fL(eru,u)eﬂ”mf"“du] eI fv dy

(22)

where h(v + u,w) is the impulse response of the LPTV system.

In this analysis under the assumptions previously stated, (22)
simplifies to

where P, are the Fourier coefficients of the pulse train, defined
in (10).

In a practical system, all the noise harmonics of equation will
not have to be considered and only those within an effective

(23)
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bandwidth B.g around the RF carrier f. will have to be evalu-
ated. Equation (21) may be rewritten as for the practical case

[Beff/2f.]

D

m=—|Beff/2f.]

Noutp =G |Hm(.fc)|2Nout_filt(fc +mfs)
(24
In this analysis, however, the worst case scenario of all har-
monics through to infinity are considered which allows the use
of the following identity:

Y Hu(f)l

m=—0oo

S 2

m=—0o0o

Rewriting (25) after pulling out the m = 0 term

= 9 = sin (2% L 1
Z |Hm(f(’)| = Z (#) :N—m.

m=—00 m=—0oo

m#0 m#0

(25)

(26)

Using (21) and (26), the noise factor of a single TDM ampli-
fier case is given by equation (27) at the bottom of the page.
The best and worst case noise factors may be obtained as

Fromv_amp =N + Famp  if L =1 (worst case)

Frov_amp =N - Famp — (N — 1) if L — oo (best case).

(28)

Since the noise under consideration is for the front-end ampli-
fier section, it follows from Friis’ noise factor relationship that
the system noise figure is impacted by the same factor as the
amplifier noise figure. Thus from a single multiplex channel per-
spective, if no coherent signal combining process such as diver-
sity or beamforming is exploited in the TDM system, the sensi-
tivity of the receiver degrades by a maximum of 10 log(N) dB.
This degradation compared to the conventional receiver occurs
if only the output from a single multiplex channel is processed
at baseband. This is of relevance in the MIMO-SM case where
individual antenna data streams can be expected to suffer an
SNR, hence BER, degradation when compared to an equiva-
lent continuous channel in a conventional multiantenna receiver.
However based on the following capacity equation for MIMO
systems

C = B min(M, N)log,(1 + SNR)bps (29)

where B, is the wireless channel bandwidth, M the number of
transmit antennas, and N the number of receive antennas, the
capacity of the MIMO receiver is less dependent on degradation

of SNR due to the log relationship. The TDM approach still
offers NV independent receive channels with which the system
capacity has a direct dependence.

The performance of the TDM wireless receiver is also placed
in context by comparing its array noise factor with those of the
more conventional single antenna receiver and coherent com-
bining receivers. These are considered one at a time below. The
available SNR at each antenna is assumed to be

S
SNR;, = —>.
Ninp (30)
1) Single Antenna Receiver:
SNR; e Nai
Fsin e — o =1 G =1 al. 31
el SNRsingle + Ninp + Ninp ( )

In (31) and in the analysis that follows, N, is assumed to be
the overall device added noise in the system and G the overall
system gain.

2) Multiantenna Conventional (Non-TDM) Coherent Com-
bining Receiver: Since the noise is assumed to be uncorrelated,
they will add in power, while the signals being coherent will add
in amplitude after coherent combining. Therefore

SNRiw  _ 1 (), N\ _ 1,
Ninp —N single
(32)

3) Multiantenna TDM Coherent Combining Receiver:
Under the previously stated assumptions, with the switching
takes place immediately following the amplifiers, the output
array SNR is

I conv_array — -
_array SN
Pbconv_array N

SNRTDJM_array =
(¥ 4TS’
N (%Ninp‘}‘#Nap‘}‘G (%_ ]\}2) Nino+(%_%) Nao)

(33)
Gsin
SNR, I array = 34
oM S G E (= ) N ¥ Ny
SNRconv_arras
SNRTD]\/I_array = SNRsinglc = ij
if L = 1 (worst case). (35)
and SNR
F A _array :—lﬂ
DM Y SNRTD]\/I_a'M‘ay
(L (1Y), N
“\V"Z\U"N)) Ny
1 1
—L'single — (1_ N) (1_ Z) (36)

FTD]\/I_array :Fsingle =N- Fconv-array;
if L=1 (worst case)

%Ninp + %Nap + G(% - ﬁ) Nino + (% — ﬁ) Nao

i 1
FTDM—“mP = <1 + (N - 1)_) +NN =N- Farnp - (N_ 1) (1 - Z) .
mnp

Ninp ]

27
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1
FTDZ\VI_array :Fsinglo - (1 - N) , if L— > (best case).

(37)
It may be summarized
SNRsingle < SNR71DM_array < SNReonv_array (38)
or equivalently
Feonv_array < From_array < Faingle- (39)

The conclusion from these results is that in the theoretical
limit of infinite signal path bandwidth the difference in noise
performance is independent of antenna channel sample rate and
is only related to the number of multiplexed channels and the
anti-aliasing bandpass filter characteristics. However in the real
world, due to the availability of only finite signal path band-
width, it follows from (24) and the transfer function coefficients
as given by (23) and (10), that the noise aliasing is minimized
with wider pulses and greater sample rates. Wider pulses and
higher sampling rates have an inverse relationship, just as the
need for wider pulses to minimize noise and narrower pulses
to minimize inter-multiplexed-channel crosstalk have an inverse
relationship.

III. TDM FRONT-END AMPLIFIER CIRCUIT

This TDM front-end amplifier stage was implemented as
a fully differential version of the circuit described in [24]
in a 0.18 pum SiGe BiCMOS process that required a 1.8 V
supply voltage. Only the CMOS option was exercised in this
design. The differential circuit was balanced with respect to the
switching signals in order to limit switching clock feedthrough.
The amplifier stage consisted of an array of differential LNA
unit cells in a parallel arrangement so as to achieve RF current
summation at the output. The input matching network was
designed for 100 Q differential impedance. This matching
network can be optimized with noise/power matching tech-
niques described in [25]-[27]. The differential 100 2 at the
combiner output was realized with a single L-C matching
network. Bandwidth extending methods available in [28], [29]
are appropriate for broadbanding this output. The matching
networks were implemented with on-chip spiral inductors in
series with off-chip bond wires, and a single external capacitor.
The differential 100 €2 signals were converted to single ended
50 ) impedances for measurement purposes using external
/2 : 1 balun transformers.

A. RF TDM Amplifier and CML Buffer

Each LNA unit cell shown in Fig. 8 was comprised of a differ-
ential LNA core, a differential current mode logic (CML) switch
drive buffer and a current mirror network for biasing the ampli-
fier and CML. The source coupled inductively degenerated LNA
core was designed to be noise matched to a differential 100 €2
input while simultaneously providing at least 0 dBm IIP3 lin-
earity for a 6 mA current consumption. The LNA core switches
were driven by the differential control signals from the CML
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Fig. 7. TDM front-end amplifier stage.
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Current Mirrors
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Ina_bias Ina_bias .
- - cml_bias
LNA Core CML Switch Drive Buffer

Fig. 8. Differential LNA unit cell.

buffer. A differential cascode style was chosen for the LNA
core, with the cascode current steering pair diverting the ampli-
fied signal either to the output or to the supply when that mul-
tiplex signal path had to be disabled. The cascode circuit style
contributes to the high isolation between the RF input and the
combiner output while the differential current steering topology
enabled fast switching with sharp transitions. An LNA core of
this kind also helps maintain uniform loading on the antenna el-
ements regardless of the on/off state of each channel.

The CML buffers used to drive the switching devices had
an output swing of 225mV below the analog supply and con-
sumed 750 pA of current from the same supply. The buffers’
gate drives were provided by a digital controller.
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B. Digital Controller

High speed hybrid latch flip-flops (HLFFs) were used to im-
plement the digital controller. Each of the front-end amplifiers
was assigned a register row that could hold a byte-length digital
sequence. All these registers could be serially programmed as
needed to operate the required amplifiers in the required order.
The real advantage of this controller configuration is seen when
measurements need to be made on a single amplifier with all
other amplifiers effectively inactive.

A register row of length eight will permit only two or four
amplifiers to be brought into TDM operation without wasting a
time slot in a four amplifier array. The stored bit sequences could
be scanned out at a much higher differential clock rate to con-
trol the switching in the amplifier section. The high speed differ-
ential clock was buffered by the differential clock input buffer
that was based on a fully complementary self-bias design. In
post-layout simulations with parasitics extracted, the controller
operated correctly for clock rates till 2 GHz.

C. Chip Layout

Isolated triple-well structures were employed for all the nFET
devices to decrease the effect of noise and spurious content on
the circuit. The amplifiers were also arranged to minimize per-
formance variations while sequentially switching from one to
the other due to layout mismatches. All pads were provided with
minimum recommended ESD protection.

Carefully partitioning of the RF and digital portions of the
chip was done to minimize the impact of digital switching noise
on the RF signals. The analog and digital supplies were sepa-
rated and allotted multiple pads in order to minimize switching
noise. Similar precautions were taken for the ground by pro-
viding for separate analog and digital grounds spread over mul-
tiple pads to reduce the ground bounce. Decoupling capacitors
were incorporated both on and off-chip to reduce noise on the
supplies and biases.

The chip layout shown in Fig. 9 was completed with the in-
tention of testing it by wirebonding it directly to a two-layer
RF circuit board. The circuit area, ignoring the bondpads was
2460 pm x 1310 pm.

IV. RESULTS

A. Static Amplifier Response

The results of the S-parameter measurements done on a
single nonswitching amplifier channel termed a “static am-
plifier” are shown in Table I. The matching and gain curves
are shown in Figs. 10 and 11. It is observed that the switched
LNA’s ON-OFF isolation at 2.4 GHz is 53.8 dB. The forward
gain S21 peaks at 8.0 dB at 2.23 GHz. The 3 dB bandwidth
with reference to this peak gain point is 8§19.7 MHz.

B. Noise Figure Measurements

The noise figure measurements were done for a sample rate
fs of 40 MHz per channel selected to ensure that device gain is
linear over the measurement span set equal to f,. A center fre-
quency of 2.41 GHz was chosen for this sample rate based on

Fig. 9. Circuit die photograph of the 0.18 xm design in CMOS.

TABLE 1
STATIC AMPLIFIER CHANNEL RESPONSES (Portl = RFin3 AND
Port2 = RFout) AT 2.4 GHz

Parameter Channel On Channel Off

S11 (dB) -12.8 -11.4

S12 (dB) -36.6 -45.4

S21 (dB) 7.4 -46.3

S22 (dB) -13.7 -14.6

NF (dB) 2.6 -

1IP3 (dBm) 0.3 -

Current/CML Buffer (mA) 0.75

Current/LNA Core (mA) 6

Supply (V) 1.8

0
S11
. 10 )
[ z
2 20 Ch3 On 8
] 2
2 30 §
& s
= -40 Cho On
-50
2 22 24 26 28 2 22 24 26 28
Frequency (GHz) Frequency (GHz)
Fig. 10. Input and output matching (Portl = RFin3 and Port2 = RFout).

10 Ch30n 8§12 s21
-10
0 _
S 10 g 20
o o
R g% Ch3 On
s -30 S .40
[=))
S ChO On 8 Ch
= -40 = 50 W
%0 #T“W 60
2 22 24 26 28 2 22 24 26 28

Frequency (GHz) Frequency (GHz)

Fig. 11. Forward and reverse gain (Portl = RFin3 and Port2 = RFout).

(5). The Agilent PSA E4440A spectrum analyzer along with an
Agilent 346A noise source was used for the noise figure mea-
surements. The raw spectral data was analyzed in Matlab using
the modified Y -factor method described in the Appendix to
evaluate the correct noise measures for a TDM wireless receiver.
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TABLE II
SUMMARY OF NOISE MEASUREMENTS AT 2.41 GHz

Mean Performance

Characteristic (Over 40 MHz Span)
Static Amplifier Available Gain (dB) 7.1
Static Amplifier Noise Figure (dB) 2.6
Number of Multiplexed Elements

N=2 N=4
TDM Amplifier Noise Gain (dB) 3.9 0.4
A1 Noise Gain (dB) -3.2 -6.6
TDM Amplifier Noise Figure (dB) 4.8 79
Al Noise Figure (dB) 2.1 53
Available TDM Amp Array NF (dB) 1.8 1.9
A2 Noise Figure (dB) -0.9 -0.7

Al: [TDM Amp — Static Amp]
A2: [Available TDM Amp Array — Static Amp]

10
8 |, =
a i %
2 6 s
£ ‘©
@©
S 5 9
g 2 g
2 . z
2 -2
239 24 241 242 243 239 24 241 242 243
Frequency (GHz) Frequency (GHz)

Fig. 12. Noise gain per antenna channel (... Static Amp,—TDM Amp).

The noise characteristics of the front-end were evaluated for
two TDM cases, the multiplexing of N = 2 and N = 4 chan-
nels. The results presented are indeed the worst case for the de-
signed circuit since they do not involve any additional bandpass
anti-alias filtering other than those inherently provided by the
circuit’s own matching networks. These results were compared
with that of a reference static amplifier. The noisy raw data was
averaged over the measurement span in order to obtain the re-
sults are summarized in Table II. The RSS noise figure measure-
ment uncertainty was calculated to be 0.26 dB.

In Fig. 12, the ratio of output noise attributed to the input
noise alone to input noise defined as the noise gain (more de-
tails in Appendix) is shown for the two cases considered. We
observe that the fall in noise gain in the two cases is slightly
more than the theoretical minimum of 10log(V). One reason
for this is the small degree of input noise filtering provided by
the matching network at the input. Additional filtering would re-
sult in a lowering in noise gain as determined by the previously
presented theory and the relations in the Appendix .

The worst case SSB noise figure per amplifier channel is pre-
sented in Fig. 13. In both cases they are below the maximum
10log(N) increase above that of a static amplifier.

A better appreciation of the effect of individual channel noise
figure results may be obtained by determining the overall array
noise figures shown in Fig. 14. This involves scaling down the
single channel noise figure by a factor of N based on the pre-
viously developed theory. Since the complete receiver has not
been implemented in this work, only the “available” noise figure
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Fig. 13. Noise figure per antenna channel [SSB] (... Static Amp,—TDM
Amp).
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Fig. 14. Available array noise figure [SSB] (... Static Amp,—TDM Amp).

based on the amplifier section can be calculated from the mea-
sured data. This is still a relevant measure of performance of the
TDM-based receiver because of its location in the receiver chain
closely following the antenna, hence having a large influence on
the overall noise figure.

The noise figure of the TDM amplifiers was observed to im-
prove with higher sample rates f; as can be expected from (24).
The exact nature of the dependence is yet to be quantified.

A final comparison of the available TDM array noise figure
with that of the single amplifier shows that it is better than that
of the static amplifier for the cases considered. This is in agree-
ment with the overall theory presented earlier, and inequality
(39) specifically.

It must also be emphasized that the presented results are all
worst case since an explicit alias reject filter is not included be-
fore the switching amplifiers. With the presence of this filtering
the noise figures of the TDM amplifier and array will be appre-
ciably better.

C. Linearity Measurement

The same multiplex rate and bias conditions as the noise mea-
surements were retained for the linearity measurments. The in-
band linearity of the amplifier channels as given by the third-
order Intercept point is unaffected by the TDM operation as is
seen in Fig. 15. This result is expected as the TDM switching is
done at rates that are high enough not to adversely affect either
the inband spectrum or the wireless channel spectrum, which is
a subset of the inband spectrum.

With the gain flat over the inband frequencies, the effect of
the multiplex operation is to attenuate the desired signal com-
ponent and the IM3 component by the same factor. This causes
the amplifiers power output curves to be displaced downwards
without affecting the IIP3 of that channel.

The combined effect of the increased noise figure and un-
changed linearity is a decrease in dynamic range per multiplex
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Fig. 15. Linearity measurement plots for a single amplifier channel.

TABLE III
PERFORMANCE COMPARISON OF DIFFERENT RECEIVER TYPES

Comparison Metric Single Multi-Antenna ~ Multi-Antenna
P Antenna TDM Conventional

Available Array NF (dB) 2.6 1.9% -3.4
Available Array Signal
Gain (dB) 7.1 7.1 19.1
Net Array Power Estimate 10.8 + 48.6 + 432+
(mW) Prostamp Prost.amp 4.Ppost.amp
Linearity as IIP3/antenna
(dBm) 0.3 0.3 0.3
Array Dynamic Range Low Mid High
Thro'ughput enha}ncement None
possible by Spatial (1%) 4x 4x
Multiplexing
Interference Cancellation No Yes Yes

# Without alias reject filtering (worst case)

channel by the same degree as the noise figure. By the same
token, the combined array dynamic range would be better than
that of a single antenna receiver but worse than that of a con-
ventional non-TDM array.

D. Performance Comparison

A summarized view of the implemented four-antenna TDM
receiver front-end performance vis-a-vis the reference single
antenna and conventional multiantenna receiver front-ends is
shown in Table III. In order to appreciate the power utiliza-
tion implications of the different approaches, the post-amplifier
stages of the receiver are also factored in, although this por-
tion of the receiver is not realized in this work. It is assumed
that these stages consume Ppost—amp MW in a single antenna
system.

It can be inferred from this table that the multiantenna TDM
receiver provides a level of performance that is above that of
a single antenna system but below that of a full-fledged con-
ventional multiantenna system. The TDM based multiantenna
receiver offers many of the advantages of the conventional mul-
tiantenna receiver, but at lower power and area costs.

output SNR) of a coherent combining TDM receiver is better
than that of a single antenna receiver but worse than that of a
conventional multiantenna array. The noise figure relations can
easily be generalized to accommodate the additional filtering
and switching nonidealities that would occur in practice.

A fully differential front-end consisting of a four 2.4 GHz
amplifier array is fabricated as a CMOS circuit in a 0.18 ym
process. This front-end circuit is used to verify the presented
theory. The results obtained from the noise measurements vali-
date the simple model of the TDM front-end and its usefulness
in understanding the performance. Linearity measurements pro-
vided finally help address the dynamic range concerns of this
receiver architecture.

APPENDIX
RELATIVE MEASUREMENT TECHNIQUE FOR NOISE FIGURE
MEASUREMENT OF TDM FRONT-END

The Y -factor method is the most common noise figure
measurement technique used in practice [30]. Since the TDM
front-end has frequency conversion effects and multiple side
bands are inherent in its working, the Y -Factor method has to
be modified to correctly characterize its noise figure.

The overall noise added by the switching (frequency trans-
lating) device is a combination of frequency translated source
noise and the noise due to the device alone

Naoverall(T07 TS) = (GASB - Gs)kTsB + Na(Tc) (Al)
where N, (T.) is the noise due to the device alone at physical
temperature 1., T is the source noise temperature, G is the
desired signal conversion gain (of the zeroth harmonic in the
TDM case) and G o sp is the noise gain defined as the ratio of the
net output noise due to the input noise alone to the input noise
at the same frequency. By definition, G asp is an all side band
measure. In nonfrequency translating devices such as regular
amplifiers Gasp = Gs.

The generally calculated noise factor is actually the all side
band (ASB) noise factor Fixgp expressed as

Nout
GaspkToB
_ G kToB + Naoverant(Te, Tp)
_ GasphToB + No(To)
- GaspkTyB

Fasp =

(A2)
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from which

No(T.) = GaspkToB (Fasp — 1). (A3)

The relevant measure of noise performance in the TDM con-
text is the single sideband (SSB) noise factor Fssp as defined
by Haus et al.[31] and given by

Nout Naovcrall(Tcy TO)
G kToB G.kToB
_ GaspkToB + NG(TC)
N G:kToB

Fssp = =1+

(A4)

Substituting for N, (T.) in (A7) from (A6) above and simpli-
fying we have

G asB
F
o Lass

S

Fssp = (AS)

G asB is determined as part of the standard Y -factor noise mea-
surement technique. In addition, G5 will have to be measured
too to determine Fsgp of the TDM wireless receiver.

In relation to the previous analysis of a single TDM amplifier
channel in Section II-C, it is readily found that

G/[1 1 1
axn=3 (y+1 (- %))

G

Gszm

~ N,
a\Lc) = - A
(T) = (A6)

As it is not possible to accurately determine the added noise
N. b M _amp(T0), hence the Fagg, of a single TDM amplifier
channel directly, an indirect relative measurement technique is
adopted to obtain this value. This approach involves the mea-
surement of net output noise during TDM operation after termi-
nating all the inputs to the TDM array with the same cold noise
terminations. Assuming that the N TDM channels are all iden-
tical, we may then determine the ratio R of the output noise from
the TDM array to the output noise from a single static amplifier
as

Nout T DM _array
R = —ouIDMarray

Nout_amp

N (GASBchB + Nﬂ,_TD]\I_a,mp(Tc))

GET.B + Nu_amp(T.)
_ N (GaskT.B + (FasB_rDM_amp — 1) GaskTyB)
GKT.B + (Famp — 1)GKToB

_ NGasB (Te + (FasB_ DM _amp — 1) To)
G (Tc + (Famp - 1) T) .

(AT)
0

Simplifying (A7) further we obtain
FasB_TtpM_amp

RG T 1.
= ——— | (Fomp — 1 — 1—-—1]. (A8
NG asB <( P )+T0>+< TO> (A8
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All the factors on the right side of (A8) being either measured
or known beforehand, we can determine F'ysp of the TDM am-
plifier. The single sideband noise figure Fsgp of this TDM am-
plifier may then computed using (AS).
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