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ABSTRACT

One of the more computationally intensive portions of speech cod-
ing algorithms using linear predictive (LP) methods is the calcula-
tion of line spectral frequencies (LSFs) from the predictor coeffi-

cients. Methods for the efficient computation of LSFs have been -

developed. A very large scale integration (VLSI} design imple-
menting one such methed is presented. The architecture is de-
signed to be optimized for speed and area and is suitable for inte-
gration into larger speech coding systems.

1. INTRODUCTION

In applications where cosl, power and size are of critical impor-
tance, the use of application specific very large scale integration
(VLSI) specch coding systems have certain advantages over the
use of general purpose digital signal processors, The optimization
of such VL8] systems can further reduce the complexity and power
requirements while enhancing performance. The use of linear pre-
dictive (I.P) methods for speech cading is common practice in such
systems. However, there are several parts of LP based speech cod-
ing aigorithms which exhibit fairly high levels of computational
complexity.

One such example is the computation of line spectral frequen-
cies (LSFs) given the linear predictive coefficients. This involves
the isolation of polynomial roots which is a complex and resource
consurning undertaking. A method to isolate the line spectral fre-

" quencies efficiently has been proposed in [1] and is the algorithm
implemented in this VLSI design. This method starts with the P
coefficient LP filler given by

P
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where a(k) are the LP coefficients. The first algorithmic step is to
compute the symmetric polynomial F(z) and the antisymmetric
polynomial Fa(z) from A{z). The corresponding equations are
F(z) =
Bplz) =
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The roots of Fi(2) and Fa{z) are on the unit circle, are simple and
interlace. The LSFs are the angles of the roots whose imaginary
part is positive. For practical applications, the order F is typically
10 or 12, making the isolation of the polynomial roots an arduous
task given the high resource cost in most VLSI systems.

Two trivial roots at z = 1 are first removed using a simple
difference equation [1) that essentially accomplishes polynomial

deflation. The remaining roots must be found explicitly. When P
is even, we define the deflated polynomials as G {z) = Fi(z)/(1+
27y and Gaf#) = Fal2)/(1 ~ z~). When P is odd, we de-
fine the deflated polynomials as G1(z) = Fi(z) and Gz(2) =
Fa(z)/(1 — 27%). Suppose the orders of G, (z) and Ga{z) are
2M, and 2M respectively. When P is even, M, = M, = P/2.
When Pisodd, My = (P+1)/2 and Mz = (P — 1)72. Note
that G'1{#) and G2(z) have an inherent coefficient symmetry [1):
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The second algorithmic step is to deflate the polynomials Fi(z)
and Fa(z) to get G1{=) and G3(z) respectively,

Since only the roots with positive imaginary part are of inter-
est, the lotal number of L8Fs is M, + M2 = P whether P isodd
or even. The LSF vector consists of an ordered set of angles be-
tween 0 and #. Using coefficient symmetry, substituting z = ¢**
in the expressions for G1(z) and Ga(z) and removing the linear
phase term results in the following cosine series expansions [1]:

Gi{w) = 2(:05M1w+291(1)cos(ﬁh — 1)w+... {6)
+ 29 (M1 — Y)cosw + g1{ M)
Golw) = 2e05Mow +2g2(1)cos(Mz — Lo+ ... (D
+  2ga(My — 1)cosw + ga(Mz)
These series may be expressed in the form of Chebyshev polyno-
mials in = by applying the frequency mapping cosmw = T (x)

where 10 (=) is the mth order Chebyshey polynomial in =. The
mapping applied to G4 (w} and Ga(w) leads to

Gile) = 20Tm(x) +21(1) T 1z} + .. (8)
+  25(M1 — UTi(x) + g1(M1)
Golz) = 2Tmy(z) + 2g92(1)Tiay—pyz + ... 9

+ 202(Mz — DTi{z} + g2(Ma)

Any Chebyshev polynomial series of this form can be evaluated
efficiently through the application of Clenshaw’s Recurrence For-
mula [2]. Thus each evaluation of N terms may be achieved with
N multiplications and 2/V additons {1]. The third step is to trans-
form Gy(z) and Ga(z) into their Chebyshev polynomial series
form G1(z) and G'a(z) respectively.

Transforming the polynomials into the Chebyshev domain ef-
fectively maps the upper part of the unit circle onto a region from
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z = —1 10 z == 1. The roots are isolated through the evaluation
of the Chebyshev polynomial series over this region and observing
the zero crossings. Figure 1 illustrates the Chebyshev polynomial
series G1{z) and Ga(z) for a particular speech frame. A zero
crossing is detected by observing a sign change in the Chebysheyv
polynomial series. Then, the root location is evaluated at a higher
resolution in the neighborhood of the sign change. In [1], it was
determined experimentally that a coarse resolution of 0.02 and a
fine resolution of 0.0015 is adequate to isolate the root to an ac-
ceptable precision. These are the values used in this design. It
should also be noted that the interlacing root property on the unit
aircle carries over to the Chebyshev domain. Thus, the first root
found by starting the search at z = 1 will be aroot of &y (x). The
second root will be a root of Ga(z}. This lurther increases the effi-
ciency of the algorithm as one can alternate between evaluation of
G1{z) and Gy(x) as roots are found. The fourth step is to isolate
the roots of G1(z) and Ga(x) as described above. When all the
roots are found, the LSTs are computed as the inverse cosine of the
roots of G;(z) and G{z). The implementation of this algorithm
ina VLS design suitable for integration into larger speech coding
systems is now discussed.

2. VLSI IMPLEMENTATION

The design of an architecture implementing the described algo-
rithm was undertaken with the following design goals. First, the
design is to be realized enlirely in VHDL. Sccond, The designisto
be optimized for speed and minimal size. Third, a structure should
be chosen which eases integration into larger systems requiring
computation of LSFs. Fourth, the design must accommeodate up to
12th order LP analysis.

Implementation of the algorithm while observing these design
goats required the implementation of various algorithm and utility
blocks. These are:

1. atofif2: Compute F1(z) and Fa{z) from A(z).

2. polydiv: Remove the roots of Fi(z)and Fal{z)atz = £1.

3. chebform: Compule the Chebyshey polynomial series G (z)

4. rootfinder: Tsolate the roots of G1(z) and Gax) in the in-
terval from -1 to 1.

5. accos: Compute the arccos of the roots to obtain the LSFs
using a Taylor series expansion.
6. clenshaw: Compute the result of a Chebyshev polynomial

series efficiently [2]. This is used as a global resource for
the root finding al gorithm block.

7. fomulr. A floating-point multiplication block as a global
resource for atl algorithm blocks requiring it.

8. fpadd: A floating-point addition block as a global resource
for all algorithm blocks requiring it.

9. fpdiv: A floating-point division block as a global resource
for all algorithm blocks requiring it.

Crher VLSI implementations of speech coding systems imple-
ment a full floating point unit (FPU) or DSP core [3}[4]. However,
this approach would unnecessarily increase the size and complex-
ity of the implementation of LSF computation. Figure 2 shows the
top level architecture of the design. An algorithm block for each
major algorithmic task is defined. Each of these blocks makes use
of global resources, which are defined as utility blocks.

3. GLOBAL UTILITY BLOCKS

The decision was made to make use of floating point numerics
in the execution of the algorithm. Based on experimental results
with software implementations on general purpose processors, the
32-bit IEEE 754 single precision bit floating point format was se-
lected. While it may be acceptable in practical applications to use
normalized integer computations or fixed point representations,
because the dynamic range of the A(z) coefficients cannot be guar-
anteed, floating point was deemed 1o be Lhe best choice. Also,
interfacing ‘with a host processor or other external systems was
thought to be simpler if numerical scaling need not be performed
prior to presenting data (o the system,

The floating point multiplier and adder are based on those de-
scribed in [5] and the divider is derived from the same general
architecture. All are modified for IEEE 754 floating point format
compliance. As implemented in the system, the solution to either
of these operations is resolved in one clock cycle (indicated by
pre-synthesis results).

The Chebyshey polynomial series evaluation block is a direct
implementation of the Clenshaw Recusrence Formula and simply
executes the following:

N1
Z cka(:I) (10)
k=0
N-1
= Y (e ~ 2besa () + brra()]Th(2)
k=0

bo() — ba(x) + o
2

Yizy =

The backward recurrence by (x) = 2xbei1(2) — brra(z) +
with initial conditions by (£} = by 41 (%) = G is used to calculate
bo(x} and b2(x) to get Y (=) as above. The Chebyshev cvaluation
block also makes use of the floating point addition and multiplica-
tion blocks.

4. MAIN ALGORITHM BLOCKS

The main algorithm blocks consist of the major algorithms de-
scribed above. First, the atof1f2 computes F1(z) and Fa{z) from
A(z). Next, Fi(z) and Fo{z) are deflated by their trivia) roots
by the polydiv block. The deflation block is one entity and has
an input bit indicating which root is to be removed. The resulting
output is presented to a block which finds G1 (z) and Ga(x) cheb-
Jorm. Then, the zero crossings are isolated by the roogfinder block.
This is the portion of the circuit that scans the linear region from
+1 to -1 with a coarse resolution and detects zero crossings. Fol-
lowing the detection of a given zero crossing, the immediate region
is re-scanned with a finer resolution. In order to avoid a complete
32-bit IEEE 754 format magnitude comparison, a change in the
sign il is detected to isolate a zero crossing. At each point in
the scan, the Chebyshey polynomial series evaluation block, clen-
shaw, is invoked to determine the value of the series. Advantage of
the interlacing property is taken lo avoid evaluating both polyno-
mial series over the entire region. The algorithm block will switch
from one to the other as each zero crossing is found. The ulti-
mate oulput of the zero crossing isolation is the set of values of =
corresponding to the roots of G () and Ga(x) (rootfinder). The
final block computes the LSFs as the inverse cosine of the roots
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of Gy(x) and G{z). For this implementation, a truncated Taylor
series approximation is performed by the acos block.

Each of the major blocks share a similar internal structure.
The input data is presented to the entity via signal ports. A state
machine sensitive to both rising and falling clock edges is imple-
mented. For external utility blocks, signal interfaces are provided,
for example, the fprmult block is presented with the multiplier and
multiplicand to obtain a product. The floating point entities are de-
signed to resolve an output within one clock cycle. The clenshaw
entily, however, has an intemal state machine and requires several
clock cycles to resofve a solution. This particular entity has logic
to controt start and signal completion of the Chebyshev evaluation,
Thislogic is tied into the state machine of the rootfinder entity. The
entities are cascaded with the cutput of one block feeding the input
of the next.

All of the previousty described entities are ted together at the
top level in structural VHDL. The input and output ports of the
top level entity are (1) Twelve 32 bil A(z) coefficient inputs, (2)
Twelve 32 bit LSF outputs, (3) Clock line in and (4) Done line out
indicating completion. The twelve inputs are 32-bit wide vectors
in [EEE 754 floating point format. Naturally, to interface the top
level entity to a smalier width bus, appropriate logic would be used
as a bus interface. However, for the purposes of verifying perfor-
mance of the core algorithm, this is not a major issue. Prior lo
synthesis for actual implementation, a more convenient bus inter-
face would be added.

5. YHDL SIMULATION AND SYNTHESIS RESULTS

The first step in the VHDL implementation process was the cod-
ing of the algorithm and pre-synthesis simulation to verify accurate
performance. The intent 2t this level is to ensure that any assump-
tions made, particularly those that limit precision of floating point
operations, do not impact the accuracy of the computed LSFs.

It can be seen that the core VHDL entity is presented with up
to 12 32-bit veciors containing the A(z) coefficients and outputs
12 computed LSFs. The entity is provided with a cleck used for
sequencing of operations. Effort was made to perform operations
on both rising and falling clock edges to maximize throughput at
the cost of circuit complexity. For synthesis into actual hardware,
a bus inferface would be added to the entity to interface to a typical
16- or 32-bit bus architecture for the writing and reading of data.

The entities that require the most clock cycles to obtain a result
are reoffinder and acos at 377 and 277 respectively. The atof1f2
entity requires 39 clock cycles. The lewest clock cycles are re-
quired by the polydiv, clenshaw and chebform entities at 14, 14
and 12 respectively. VHDL simulation was performed using Mod-
elsim and it should be noted that no post-synthesis parasitics are
incorporated in these results. Simulation was conducted using test
benches developed specifically for each entity using the TIMIT
database speech data sets. Assuming a clock speed of 100 MHz,
the overall time to resolve a ‘result given a 12th order A{z) in-
put coefficient vector would be approximately 7.33us. Note that
the rooifinder entity will exhibit slightly nondeterministic perfor-
mance depending upon the specific location of a zero crossing in
relation to the location at which it was detected. However, this will
not be significant with the values of coarse and fine increments
used.

Because this simulation contains no parasitic or timing pa-
rameters, post synthesis simulation must be run to obtain perfor-
mance information on an actual siticon implementation. The cir-

Entity Primatives | Operators
acos 1304 144

atof 112 2444 144
chebform | 1888 75

polydiv 1504 73
clenshaw | 758 134

[pmult 79 23

fpadd 585 18

fpdiv 643 36 1
rootfinder | 2468 109 }

Table 1: VHDL Synthesis Results

cuit was synthesized using Leonardo Spectrum and the MOSIS
AMIO0S5 synthesis library from Mentor Graphics. Table 1 shows the
result of the synthesis for each entity. InTable 1, the primatives are
the low level gates to implement the design. The operators are the
logic that perform operations (like the ripple carry adders and mag-
nitude comnparators). Note that the individual entify metrics ignore
certain overheads which would be present in the overall system.
Should this architecture be implemented in a larger system as in-
tended. the overall architectural concerns must be evatuated and
the design suitably modified. For example, a larger system may
be of a compleXity level as to require a full floating point unit, in
which case the fprmudt and fpadd entities may be redundant. Also,
the bus interfaces with any external systems must be designed for
convenience as well as performance which may dictate the imple-
mentation of more conventional bus interfaces.

The results from VHDL level simulation as well as synthe-
sis results indicate that the approach for achieving an application
specific VLSI design for LSF computation is feasible. For further
study, the performance of the architecture described will be exam-
ined incorporating post-synthesis parasitics.
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Figure 1: Plots of Chebyshev Polynomial Series G1(z) and (G2 (x) (12th Order)
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Figure 2: Top I.evel Block Architecture
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