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Abstract— In this paper we discuss the impact that fixed point
implementation of DSP units in a communication system chain
has on the required complexity of channel estimators. We have
restricted our model to a flat-fading channel and linear FIR
estimators, under the assumption that finite word length effects in
the DSP operations in the communication chain can be modeled
as additional additive noise. We have shown that a small increase
in this noise can lead to a considerable increase in the required
estimator complexity if a given NMSE performance for the
channel estimation must be upheld, in particular at medium-
to-high CSNRs.

I. INTRODUCTION

In wireless communications, the power consumption as-
sociated with the actual transmission has traditionally been
assumed to be dominant in the overall power budget. How-
ever, taking digital signal processing (DSP) and RF circuitry
power consumption into account becomes increasingly rele-
vant as communication distance decreases [1]. Therefore, co-
optimization of circuitry and transmission schemes, and energy
efficient DSP design, has received much attention recently.

Orthogonal Freguency Division Multiplexing (OFDM) is
one example of a technique which in recent years has become
widely applied in wireless communication systems, due to
its high data rate transmission capability and high bandwidth
efficiency [2]. However, the performance of OFDM and other
spectrally efficient schemes depends, among other things, on
advanced digital signal processing (DSP) and on the use
of efficient and possibly adaptive resource allocation and
transmission techniques. These in turn require that accurate
estimates of the channel are available in the receiver and
transmitter. The importance of accurate channel estimation is
also demonstrated in [3], a study on the impact of channel
estimation error on the performance of linear FIR equalizers.
It shows that as f,—g approaches 20 dB and beyond, the
influence of the channel estimation error on the overall error-
rate becomes important for the scenario discussed. For lower
f,'; , the additive channel noise dominates the overall error-rate.
In this paper we are concerned with wireless communication
scenarios where the system performance is primarily limited
by available estimation accuracy.

Accurate channel estimation of a time and frequency dis-
persive wireless fading channel calls for complex estimators,
which might lead to significant energy dissipation in such
devices. While a lot of research is done on analysis and
optimization of different estimation techniques in various
system contexts ([4], [5], [6]), our aim in this paper is rather to
study the impact that fixed point implementation of DSP units
in the communication chain has on the required complexity for
a certain chosen class of estimators. We do not claim that this
class is necessarily the best choice for all systems. It is rather
chosen due to its simple (FIR filter) structure and analytical
tractability.

Since in DSP realizations data must be represented by a
finite number of bits, designers are forced to make trade-offs
between precision and complexity. As power has become a
major constraint in design of e.g., ad hoc wireless networks,
saving power by reducing the number of bits when realizing
DSP operations is an attractive approach. The corresponding
reduction in the level of precision of the DSP operations can
often be modeled as introducing additional additive noise to
the signal being operated on. This is also the approach used
here. Such a noise model can easily be applied to, e.g., a
simple scalar quantizer [7]. Examples of how the modeling
can be done for more advanced DSP operations like FFT/IFFT
can be found in [8][9], and for other important OFDM receiver
components in [10]. We will in this paper simply assume that
this model holds, without detailing particular DSP operations,
and then study the impact of such additional noise on the re-
quired complexity of the channel estimator if a certain overall
system performance (according to some chosen performance
metrics) is to be upheld. The chosen measure of estimator
complexity is the FIR filter order used to realize the estimator.

Trade-off situations related to these issues might occur if
designers wish to reduce the number of bits when realizing a
particular DSP unit, in order to reduce energy dissipation in the
corresponding unit. The consequence of such an action would
then be a certain increase in the additional noise introduced
to the signal. This increase in noise subsequently needs to
be compensated for, e.g., by increasing the channel estimator



order, if the goal is to uphold the estimator performance. This
in turn comes with an increase in energy dissipation in the
channel estimator.

Results from our study can help designers to make correct
choices in such situations.

Il. SYSTEM MODEL
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Fig. 1. System model

In our system model (Figure 1) a stream of complex-valued
symbols, s(n), with pilot symbols equally spaced within the
input stream with period L, enters a time varying Wide Sense
Stationary (WSS) flat fading channel. This might model, e.g.,
one sub-channel in an OFDM system. The channel estimates
are derived from only the pilot symbols, which for simplicity
are all assumed to be of equal power, with an absolute value
of 1. In the channel, the symbols are subjected to fading, with
d(n) denoting the complex fading gain. A complex-valued
Additive White Gaussian Noise (AWGN) w(n) is then added
to the faded signal z:(n), so that the resulting noisy signal z(n)
entering the channel estimator becomes:

z(n) = s(n) - d(n) +w(n). (@))]

In (1) w(n) is assumed to be the total noise added to the pilot
symbols from all relevant sources, including the additional
noise resulting from the assumed fixed point realization of
DSP operations in the system, denoted wg(n). Thus

w(n) = we(n) +wy(n) )

where wc(n) is the ambient noise, while wg(n) will depend
on the DSP implementation used. Our aim is now to see how
wy(n) affects the estimator’s performance and subsequently
how the estimator complexity must be adapted in order to
maintain a certain performance level. The actual value of
wg(n) will depend on the particular DSP operations included
in the communication chain, and the details of implementation
of these operations. A specific example of wgy(n) can be the
additional noise introduced to the signal due to fixed point
realization of an FFT unit in the receiver, when the number
of bits used to represent the data path and the twiddle factors
are limited. Table I shows the error variance in mean square
error (MSE), contributed from one FFT operation [11], due to
fixed point realization of such a unit, for different FFT sizes.
The error variance is calculated as the deviation between the
output of floating point and fixed point realizations of the FFT,
averaged over the number of operations, i.e.:

M—-1
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with y(7) and g(¢) being the outputs of the floating point
and fixed point FFT, respectively, and M being the number
of operations. The simulations are based on 1000 operations
(M = 1000) with Gaussian input. The number of bits used
in the data path was for simplicity chosen to be equal to the
number of bits used to represent the so-called twiddle factors.

I11. CHANNEL ESTIMATOR

The task of the channel estimator is to provide an esti-
mate of d(n) in (1) which is good enough for the overall
communication system to work according to specifications,
such as requirements on the average bit error rate (BER).
As mentioned in the introduction, we shall assume that a
linear FIR estimator is to be used; it is well known from
estimation theory that this is MMSE optimal if the channel
exhibits Rayleigh fading. To estimate the channel gain d(n),
we employ a non-causal lowpass filter which uses a number
of the received pilot symbols, both from the past and future:

N/2

din)= > f(k)z(n—k) 4)
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The optimal filter coefficient vector in the maximum a
posteriori (MAP) or minimum MSE sense, fypap =
F(ER), . f(E)map. for such an estimator of order N,
is given by [12]:

1.
fuap =1 (R+ 51) ! (5)

where T is the N x N identity matrix, R is a normalized
covariance matrix (a symmetric Toeplitz matrix), r is a normal-
ized covariance vector, and 7 is the average Channel Signal-
to-Noise Ratio (CSNR). By assuming isotropic scattering for
our fading environment the Jakes fading model can be applied
[12], which simplifies the computation of r and R. We have
used the Jakes model in our simulations, but this is not a
critical choice for our work.
The channel estimation error e(n), is now computed as:

e(n) = d(n) — d(n) (6)

Typically, a certain normalized mean square error (NMSE),

NMSE £ %ﬁ)@ is required if a specific system perfor-
mance is to be guaranteed. This means that we must ensure
NMSE < Amax, wWhere the value of Amax depends on
the type of system at hand and on the desired performance
level. For example, in [13], a study on adaptive trellis-coded
modulation (TCM) over predicted flat fading channels, it is
demonstrated how NMSE of the channel prediction® error
influences the average spectral efficiency. It shows that, for any
given average CSNR of 20 dB or above, the average spectral
efficiency decreases noticeably if the NMSE increases from
102 to 10~ 1. This impact is considerably larger as the target
bit error rate (TBER) decreases, e.g., from 10=3 to 107°.

1The difference between our considered estimation and the prediction
performed in [13] is simply that we consider estimation of the current channel
gain, whereas the system in [13] explicitly predicts future channel gains.



Word Length FFT-16 FET-64 FFT-256 FFT-1024 FFT-4096

18 6.25-10 T 2.18-10" 10 3.24-10" 10 3.90-10 17 4.88-10"
16 1.87-107 7 3.12-10° 5.07-10° 6.25-10 " 8.54-10 7
14 3.43- 10" 5.78 - 10~ 7.81-10" 9.76 - 10 1.36-10 7
12 5.37-10 " 8.75-10 " 1.36-10°° 1.66-10°° 2.17-10°°
10 8.12-10° 1.40-10°° 2.11-1077° 2.53-10"° 3.41-1077°
8 1.25-10" 7% 2.34-10 % 3.39.10 % 4.29.10 % 5.61-10 ~
6 2.107° 3.9.10°° 5.8.10° 1.04-10 2 3.07-10 2

TABLE |

RESULTING ERROR VARIANCE (MSE) DUE TO FIXED POINT REALIZATION OF FFT OF DIFFERENT SIZES, COMPARED TO A FLOATING POINT
REALIZATION, WHEN DIFFRENT WORD LENGTH IS USED.
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Fig. 2. Simulated NMSE as function of N for CSNR of 40, 39.5, 39, 38.5, 38, 37.5,
37 and 36 dB. Doppler rate equals 0.005, and results are for 2000000 simulations.

The study further shows that for this particular application, this
influence is small when the NMSE is between 10~ and 102,
For other purposes however, such as for coherent receiver
detection in various systems, even stricter demands must be
placed on channel estimation NMSE [14].

Typically, the actual value of the NMSE will depend on
the CSNR, i.e. implicitly on the variance of w(n) for a given
transmit power, as well as on estimator order (longer filter
yields lower NMSE), and channel correlation. This means that
there will be a trade-off between the accuracy of the DSP
implementation and the accuracy of the estimator. If we allow
an increase in wq(n), and thus in w(n), fewer bits are needed
in the DSP implementation. This will, however, decrease the
performance for a given estimator order.

IV. RESULTS AND DISCUSSION

We have modeled our system using the SystemC language
and design environment [15]. This will enable us to perform
fast and accurate exploration also of the more hardware related
implementation details in our future studies of this problem.
We have run simulations for different estimator filter orders
(V) and CSNR levels (10 dB, 20 dB, 30 dB and 40 dB),
where the CSNR is supposed to take into account both ambient
noise and DSP implementation noise. For each case we have
reduced the CSNR by 0.5 dB, 1 dB, 1.5 dB, 2 dB, 2.5 dB,
3 dB and 4 dB (corresponding to fewer and fewer bits being
used in DSP implementation, while keeping the ambient noise
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Fig. 3. Simulated NMSE as function of N for CSNR of 30, 29.5, 29, 28.5, 38, 27.5,
27 and 26 dB. Doppler rate equals 0.005, and results are for 2000000 simulations.
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Fig. 4. Simulated NMSE as function of N for CSNR of 20, 19.5, 19, 18.5, 18, 17.5,
17 and 16 dB. Doppler rate equals 0.005, and results are for 1000000 simulations.

constant) to see how such a reduction in CSNR affects the
required estimator order for a given performance, measured
in normalized estimation error variance. The results show that
even a CSNR reduction of 0.5 dB leads to a considerable
increase in the required estimator order (V) in all cases, if
the goal is to keep the NMSE constant. Figure 2 shows the
NMSE as function of N when the initial CSNR (corresponding
to infinite word lengths in the DSP implementation) is 40 dB.

We can divide Figure 2 into three regions. In the first region,
NMSE falls steeply with increasing N and is reduced from
its maximum value to 42% of its maximum. For a CNSR



Initial Level | region 1 Initial N at transition | Added N in region 1 | region 2 N at transition | Added N in region 2 | Added N in region 3
2008 100 - 42% | 8 1 a2 -21% | 28 49 >>18
300B 100 - 28% | 13 23 28 - 19% | 39 6-15 >>75
2008 100 - 18% | 21 18 18- 14% | 54 10-22 >>30
1008 100 - 12% | 33 11 2-10% |73 17-32 >>50
TABLE I
ASSUMED REQUIRED NMSE LEVELS WITH NEEDED N AND ADDITIONAL NEEDED N AS CSNR IS REDUCED BY 0.5 DB.
Initial Level | region 1 Initial N at transition | Added N in region 1 | region 2 N at transition | Added N in region 2 | Added N in region 3
2008 100 - 47% | 7 2 47-30% | 24 8-10 >>725
3008 100 - 32% | 11 24 32-21% | 34 7-21 >>35
2008 100 - 20% | 17 27 20-14% |48 10-32 >>50
10dB 100 - 13% | 29 215 3-11% |40 32-57 >>60
TABLE III
ASSUMED REQUIRED NMSE LEVELS WITH NEEDED N AND ADDITIONAL NEEDED N AS CSNR IS REDUCED BY 1 DB.
005 : realization, compared to a floating point realization, for FFTs
M — ¢ —10db H H H R
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Fig. 5. Simulated NMSE as function of N for CSNR of 10, 9.5, 9, 8.5, 8, 7.5, 7 and
6 dB. Doppler rate equals 0.005, and results are for 1000000 simulations.

reduction of 0.5 dB, e.g., from 40 dB to 39.5 dB, N must be
increased only by 1 in order to maintain the same performance.
For the 40 dB case, N = 8 at the 42% value. In the second
region, NMSE decreases more slowly with increasing NV,
and lies between 42% and 26% of its maximum value. In
this region, a CSNR reduction of 0.5 dB requires that NV is
increased by 4 to 9 to maintain the performance. From this
point on, in the third region, NMSE decreases slowly as N
increases, and N must be increased very much (>>18) to
keep up the NMSE performance for an extra 0.5 dB reduction
in CSNR. A similar behavior can be seen when the initial
CSNR is 30 dB, 20 dB and 10 dB (Figures 3, 4 and 5,
respectively) instead of 40 dB. The percentage values defining
the transitions between the three regions are different, however,
as summarized in Table Il. Tables IlI, 1V, and V summarize
results for the cases where the CSNR is reduced by 1 dB, 2
dB and 3 dB, respectively.

We will now see how the noise contributed from one DSP
operation (due to fixed point realization of such a unit) might
impact the required complexity of the estimator. We use the
quantization error resulting from fixed point realization of an
FFT unit, as given in Table | [11], as a practical example.

Table | shows the resulting added noise due to fixed point

FFT-16, the resulting noise will be on the order of 1.25-10
(Table 1). This is equal to 3.52 dB and 0.51 dB reduction in
CSNR when the initial CSNR is 40 dB and 30 dB, respectively.
Looking at the results in Table V (or Figure 2) we find that
when the CSNR is 40 dB, the NMSE is reduced to 68% of
its maximum value when the estimator order approaches 4.
To uphold the same performance when the CSNR is reduced
by 3 dB, an estimator order increase of 5-7 is required. To
further reduce the NMSE to about 47% of its maximum, the
estimator order must be increased to 7 when the CSNR is at its
initial value of 40 dB. To achieve the same reduction in NMSE
for the case where CSNR is reduced by 3 dB, the estimator
order must be increased by 20-29. Using Table Il (or Figure
3) we furthermore find that when the CSNR is at an initial
value of 30 dB, an NMSE reduction to 28% of its maximum
value is achieved when the estimator order approaches 13.
An additional estimator order of 2-3 is required to achieve a
performance at the same level when the CSNR is reduced by
0.5 dB. Further reduction of NMSE to 19% of its maximum
value is achieved, for the initial case (30 dB), as the estimator
order approaches 39. To achieve the same performance when
CSNR is reduced by 0.5 dB, an additional estimator order of
6-15 is required. A noise increase of 1.25-10~% has only minor
effect on the estimator order when the initial CSNR is 20 dB
or below.

If the number of bits in the FFT-16 module is further
reduced to 6, it causes an additional noise contribution of
2 - 1073 (Table 1), which equals a CSNR reduction of 13.2



Initial Level | region 1 Initial N at transition | Added N in region 1 | region 2 N at transition | Added N in region 2 | Added N in region 3
40dB 100-59% | 5 3-5 59-37% | 24 14-51 >>60
30dB 100-37% | 9 5-9 37-271% | 14 23-37 >>50
20dB 100 - 24% | 14 2-14 24 -19% |19 31-53 >>85
10dB 100 - 15% | 22 2-27 % >>50
TABLE IV

ASSUMED REQUIRED NMSE LEVELS WITH NEEDED N AND ADDITIONAL NEEDED N AS CSNR IS REDUCED BY 2 DB.

Initial Level | region 1 Initial N at transition | Added N in region 1 | region 2 N at transition | Added N in region 2 | Added N in region 3
40dB 100 - 68% | 4 5-7 68 -47% |7 20-29 >>50
30dB 100-44% | 7 3-14 44 -32% |11 28-50 >>90
20dB 100-32% | 8 2-16 32-28% |11 19-24 >>40
10dB 100 - 36% | 3 1-4 36-20% |7 17-37 >>60
TABLE V

ASSUMED REQUIRED NMSE LEVELS WITH NEEDED N AND ADDITIONAL NEEDED N AS CSNR IS REDUCED BY 3 DB.

dB, 4.8 dB, 0.8 dB, and 0.08 dB when the initial CSNR is
at 40 dB, 30 dB, 20 dB, and 10 dB, respectively. A noise
contribution of such an order (13.2 dB reduction in CSNR)
clearly destroys the estimation results for the CSNR level of
40 dB. For the case where the initial CSNR is at 30 dB, a
CSNR reduction of about 4.8 dB calls for dramatic increase
in the estimator order if the goal is to uphold the performance
of the initial case (Figure 3). When the initial CSNR is 20 dB,
the NMSE is reduced to 18% and 14% of its maximum value
when the estimator order approaches 21 and 54, respectively.
An additional increase of 1-8 and 10-22 in the estimator order
is required to reduce the NMSE to the same level as for the
initial cases. The effect of the corresponding noise for the case
where CSNR is at 10 dB is negligible.

This example clearly demonstrates the fact that as the
number of bits to realize an FFT of size 16 is reduced, the
system-level effects of additional noise introduced to the signal
increase. The increase in noise must be compensated for by
an increase in the estimator order if the goal is to uphold
the NMSE performance. The amount of increase in noise
also depends on the size of the FFT transform. As FFT size
is increased, the additional noise generated using the same
number of bits is higher (Table 1), requiring higher estimator
order. The following example shows how estimation results
and estimator order will be affected if an FFT of size 64 is
used instead of 16.

In this case, when the number of bits to represent data and
twiddle factors is chosen to be 10, the resulting additional
noise is about 1.4 - 105, This is equal to a CSNR reduction
of 0.57 dB and 0.06 dB when the initial CSNR is 40 dB and
30 dB, respectively. Results summarized in Table Il show that
in order to reduce the NMSE to 42% of its maximum value
for the initial case of 40 dB, the estimator order required is
8. When the CSNR is reduced by about 0.5 dB, the channel
estimator order must be increased by 1 in order to achieve
the same performance in this region. Further improvement by
reducing the NMSE to 27% of its maximum value is achieved
for the initial case when the estimator order approaches 28.
An increase of 4-9 in estimator order is required to achieve
the same performance when the CSNR is reduced by about

0.5 dB. As the word length is further reduced to 8 bits, an
additional noise variance of 2.34 - 10~ is produced. This is
equal to a 5.24 dB, 0.91 dB, and 0.10 dB reduction in CSNR
when the initial CSNR is 40 dB, 30 dB and 20 dB, respectively.
A reduction of CSNR by 5.24 dB when the initial value is 40
dB, destroys the estimation results. For a CSNR of 30 dB,
the NMSE is reduced to 32% of its maximum value when
the estimator order is increased to 11. The estimator order
must be increased by about 2-4 to achieve a performance at
the same level in this region, when the CSNR is reduced by
about 1 dB. Further improvement by reducing the NMSE to
21% of its maximum value is achieved for the initial case
when the estimator order approaches 34. An increase of 7-21
in estimator order is required to achieve the same performance
when the CSNR s reduced by about 1 dB. The corresponding
noise variance of 2.34 - 10~* has minor effect on the channel
estimator order for the case where the CSNR is 20 dB and
below. Reducing further the word length to 6 bits generates a
noise variance of about 3.9-10~3. This is equal to 16 dB, 6.9
dB, 1.4 dB and 0.16 dB when the initial value is 40 dB, 30
dB, 20 dB and 0.6 dB, respectively. As shown in the above
examples, the impact of the produced additional noise on the
estimator order is insignificant for all CSNR levels when a 10
bits word length is used for an FFT-16. For an FFT-64, a 10
bits word length has impact on the required estimator order
when the initial CSNR is 40 dB. Use of 8 bits word length
causes a significantly larger increase in estimator order when
an FFT-64 is used compared to using an FFT-16. This trend
holds also for larger FFT sizes.

The results presented above can be used by designers while
implementing communication systems. As an example let us
assume that the designer knows that the system will be mainly
used for a certain channel condition, e.g., CSNR = 30 dB, and
with a given estimation accuracy requirement, e.g., NMSE =
0.25- 1073, Using the methodology presented in this paper, it
is possible to perform a trade-off between the number of bits in
the fixed-point DSP implementation, and the channel estimator
complexity. If, for simplicity, we assume that the only DSP
unit involved is an FFT-16 module, the results from Figure 3
and Table | can be used. With an FFT-16 module implemented



with 10 bits, the designer find that the impact of using fixed
point instead of floating point is negligible. If, to reduce FFT
power consumption, the designer wants to decrease its number
of bits to 8, the increase in error variance is 1.25-10~%, equal
to a CSNR reduction of 0.5 dB. From Figure 3 the designer
can see that this will require an increase in estimator filter
order of 14 to uphold the estimation accuracy. Similar trade-
off scenarios can be depicted for other channel conditions,
estimation accuracy requirements, and DSP modules. Such
systematic analysis has the potential to greatly simplify the
design work.

V. CONCLUSIONS

In this paper we have discussed the impact that fixed point
implementation of DSP units in the communication system
chain has on the required complexity of channel estimators.
We have restricted our model to a flat-fading channel and
linear FIR estimators, under the assumption that finite word
length effects in the DSP operations in the communication
chain can be modeled as additional additive noise. We have
shown that a small increase in this noise can lead to a
considerable increase in the required estimator complexity if
a given NMSE performance for the channel estimation must
be upheld, in particular at medium-to-high CSNRs. As part
of future work, we will take finite-word-length effects in the
estimator itself into account. We will also, by using results for
relevant computations simulated in Synopsys Power Compiler,
translate complexity into energy dissipation and show how
the mentioned variations in word length and estimator order
changes the overall energy dissipation. We will also target a
more analytical characterization of trends that so far have been
observed based on simulation.
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