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ABSTRACT

A VLSI implementation of a low-power DSP is de-
scribed, which is dedicated to the G.723.1 low bitrate
specch codec. A number of sophisticated DSP microar-
chitectures are devised mainly on dnal multiply accu-
mulators, rounding and saturation mechanisms, and
two-banked on-chip memory. The proposed DSP ar-
chitecture has been integrated in the total area of 7.75
mm? by using a 0.35um CMOS technology, which can
operate at 10MHz with the dissipation of 45mW from
a single 3V supply.

1. INTRODUCTION

In order to realize a varicty of low bitrate multimedia
communication facilities. such as videophone and TV
conference over GSTN (General Switched Telephone
Network), there arises a strong demand of the real-
time speech codec at a very low bitrate. The ITU-
T G.723.1[1]. which is an audio part of the ITU-T
H.324[2] audiovisual communication standard, specifies
a speech codec at a very low bitrate. Fig. 1 illustrates
a block diagram of H.324, in which the shaded part is
related to (.723.1. This paper describes a DSP core
architecture dedicated to G.723.1, which aims at the
single chip implementation of a realtime H.324 codec.

Since G.723.1 is intended for the speech codee, it
can not represent music and other aundio signals so
faithfully as speech signals. However, the compres-
sion ratio for the speech is by far superior to those for
the others: actually, the digital voice is to be coded at
6.3/5.3 kbps with the ratio of 20:1/24:1. On the other
hand, this G.723.1 codec incurs an incredible amount
of computation. for which any general purpose DSP
should operate at an extremely high frequency. More-
over, considering that this speech codec has to be inte-
grated in conjunction with a moving picture codec[6]. a
radical innovation should be pursued for the reduction
of not only the arca occupancy but also the power dis-
sipation. Thus this paper puts the main focus on the
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low power implementation of (G.723.1 realtime codec.
In what follows, first the analvsis of the compuia

tional labor of (:.723.1 codec is evalnated by soltware
simulation. and then on the basis of this analvsis. DSP
microarchitecinres are devised for a munber of aper-
ation units and memory facilities. Finallv, o part of
VLSEimplementation results are shown. which are ar-
tained with the use of an ASHC design svstem (CO3-
PASS Design Tools.

2. COMPUTATIONAL COST OF G.723.1

Table 1 indicates the specifications of G231 where
two bitrates of 5.3kbps and 6.3khps are specified. The
Algebraic Cade Exeited Linear Prediction { ACELP i~
used as the excitation signal for the lower vate {5.3kbps:
coder. and the NMultipulse Maximum Tikelibood Quan
tization (NP-MLQ) for the higher vate (6.3kbpsi coder.
The tnput speech signal is sanpled by the 16 bit linear
PCM at 8kHyz. and a sequence of 200 zamples consri-
tutes a unit of frame, which eorresponds to 30 msec,
Fig. 2 shows an outline of G.723.1 codec process. A
digital voice is encoded throngh means of parameters:
gain. pitch. prediction coefficient. aud non-periodic come-
ponent. .\ gain and a set of non-periodic components
are generated by ACELP/NP-ALQ. o pitch by Pireh
Estimator and Pitch Predictor. and a ser of predie-



Table 1 Specifications of G.723.1

Bitrate 5.3kbps/6.3kbps |
Coding method + ACELP/MP-MLQ
Input/output PCM | 16bit linear PCM
Sampling rate 8kHz
Frame size 240 samples
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Fig. 2 Outline of G.723.1 codec process.
tion cocfficients by LPC (Linear Predictive Coding)
and LSP (Line Spectrum Pair). In the decoding pro-
cess, the prediction coefficients are used to construct
a svnthesis filter by which the piteh and non-periodic
components are filtered. and the gain is multiplied by
the output signal of the filter so as to restore the orig-
inal speech signal.

To analyze the computational labor of this G.723.1
codec, the nnmber of clock cycles necessary for exe-

cuting each codec process is calculated with the use of

a general purpose DSP. Since G.723.1 input/output is
the data sampled by the 16 bit linear PCM, most of the
operations are done with the 16 bit precision. There-
fore we choose a 16 bit fixed point DSP as a measuring
device. The number of clock cycles for each operation

code is defined as indicated in Table 2. As a result of

our G.723.1 software simnlation, the number of clock
cycles per frame of cach encoding/decoding process is
shown in Table 3.

As can be readily seen from Table 3, the encoding
process needs 1.0 and 1.4 million cycles per frame at
5.3 and 6.3 khps, respectively, and the decoding process
needs 80 thousand cyveles per frame at cach of these bi-
trates. Since 1 frame is composed of 240 samples with
the sampling rate of 8kHz, the whole 1 frame codec
process has to be completed within 30 msec so that a
decoding speech signal should not be broken, Conse-
quently, in order to realize a realtime codec with the
use of this conventional 16 bit DSP. a clock frequency
needs

(1.407,255 + 82.518)/(30/1000) = 49.66 M H=z (1)

process
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6.3khps |

|
I
I.PC 33280 53,263
Lsp H [1.261 1278
Piteh Est. § 115600 | 135063 !
Encod. | Piteh Pred. 505006 LTINS
MDP-MLQ 599255
ACELD 139, 119
Others 119.507 133.61x
Total | T.O3L197 | 1107355
Unpack 10,881 | 10.913
Decod. Syn. filter D232 S5TOILT
Others 4102 1-1.399
Total | <2518 N2760 |

in case of the bitrate of 6.3kbps.

Seeing that the computational labor of Piteh Pre
dictor and MP-NMLQ amounts 1o alimost 70 of +h
total of the encoding process as shown in Table 30t
derailed analysis is execnted maindy for these processe-
Asa resudts it s ont that the multiply acenmula-
tion (MAC) operation frequently appears in the decp-
ost loop part of these two processes. Moreover. we find
that there are two kinds of MACs which can be classi-
fied according to whether or not there needs a =hift op-
eration after the multiplication. Generally, audio data
are treated as fixed point decimal data. and if operands
of MAC are of the fixed point typed the result of mulri-
plication shonld be shifted by T hit to left. In contrast
with this. i operands ave of the integer tvpe, there is
no shift aperation after the maltiplication. Thuas in the
G.723.1 codee process, there are only these two kinds
of NAC operation.

fenceforth let us devise an architecture of DS,

Paving attention to this fearure.



3. ARCHITECTURE OF THE DSP

Since the MAC operations, decimal or integer, appear
frequently both in Pitch Predictor and in MP-MLQ).
our primary subject is how to execute these operations
in a limited number of clock cycles. A general DSP has
an MAC unit which is composed of a multiply block
and an accumulate block. In order to 1mp1()v9 the per-
o gy ANTAT iun +hhy f”
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ods can exist:

A: to insert pipeline registers to improve the clock
frequencyf4].

B: to construct a number of MAC units to be run in
parallel[5].

Method A improves the processing ability, but increases
the chip size because of the added pipeline registers.
On the other hand. Method B enlarges the chip size.
but not the clock frequency. It should be added that
Method A requires a higher clock frequency than Method
B, and that \Ivtlmd B increases the chip area much
se of the low-power
consumpti(m it is a major pnorltv to reduce the clock
frequency, and hence Method B is employed here.

Fig. 3 shows a structure of our MAC scheme in
the proposed DSP. Two parallel A\TAC units are used
to reduce the the total number of instruction cveles.
The required clock frequency is not so high for two
MAC units to be pipelined, and hence these two units
are connected in parallel so that two MAC ()pt"ratinm
The multiplexer

can be exocuted within 1 clock evele. '

can select the 1 bit left shift a.ccordmg to whethf‘r or
not MAC operations are fixed decimal, and hence this
mechanism can achieve two MAC operations in 1 clock
cycle.

The proposed DSP has a 16 bit ALU and a barrel
shifter unit in addition to these MAC units. The 16 bit
ALU can execute mid/su'{) logic operation, negate, and
absolute ()pvr.mon in 1 clock cycle. Each of 32 bit. pre-
two clock eveles, The
bdrrel shifter can shift the 16 bit data ranging from 1
to 16 bits in both of the left and right directions, Each
of the ALU and the shifter has a facility of saturation
against overflow. which can reduce the number of com-
parison and branch instructions

The on-chip memory is composed of two-banked
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tion ROM) for instructions, and TROM (Table ROM)
for filter coefficient table. According to our G.723.1
software simulation, it is decided that the sizes of cach
RAM and TROM are 2k and 5k words, respectively.
Since the 1 frame codec process can be executed with-
out any access to the external memory. not only the
total processing speed is improved. but also the band
width to the external memory is reduced.
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Fig. 4 shows the whole strueture of the proposed
DSP. In order to operate two NAC units in parallel. o
6-t bit internal data bus is emploved. This internal hns
is divided into two 32 bit huses. sayv. bus A and bus 3.
The MAC
the ALU
switching multiplexer satisfies the connection reguests
between RAMs and buses.

A B3 bit address port and a 16 bit data port are
provided as Tupnt /Output ports. The T/O port handd
width is IZN]\I)I)\ for the ontput of generated PN andd
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nnits are connected 1o hoth of these hises,

and 1he shiter are connected 1o bos AL The

\(((H(I
inglv. the total band width requires abont 130khps,
In order
with the proposed DSt needs 37.702 eveles in il
Predictor, 67.251 cveles in NMP-MLQ. and 250,295 ¢y
cles in the total encoding, process. On rthe other hane,

to realize the GLr23010 encoding process

the decoding process needs 26327 exeles, Consequently.
in order to realize a realtime (7231 codee with the

woposed DSP. the clock frequency is given hy
prog | \ A !

(250,995 + 26.327)/(30/1000) = 9231 H -. (s

4. IMPLEMENTATION RESULTS

The proposed DSE core hax been integrated by nsing
a top-down ASIC COMPASS Design
Table 1 summarizes the main features ol 1he
proposed DSP core. and Fig,

design svaten.
Tools.
5 shows the lavont pat-
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Fig. 4 Block diagram of DSP.

terns obtained by employing 0.35pmm CMOS standard-
cell and datapath libraries. The maximum clock rate
is 58 MHz. and hence the realtime codec of G.723.1 can
be realized. Since on-chip memories totally occupy the
greater part of the chip area, the increase for an addi-
tional MAC unit is only 2.76% of total chip size.

Table 4  Main features of DSP core.

0.35m CMOS 3LM
i

Techuology
Chip size

7.75 mm
( 3.05 mm x 2.54 mm)
57.73MHz
44.91 mW (3 V. 10MHz)

Maximum clock rate
Power dissipation

5. CONCLUSION

A VLSI implementation of a low-power DSP is de-
scribed, which is dedicated to the G.723.1 low bitrare
speech codec. A number of sophisticated DSP microar-
chitectures for the G.723.1 codec have been devised.
such as the dual mnltiply accumulators, the rounding
and saturation mechanism, two-banked on-chip mem-
ory, etc. The proposed DSP has been integrated in
the total area of 7.75 mm? by using a 0.35 pm GMOS
technology, which can operate at 10MHz with the dissi-
pation of 45mW from a single 3V supply. Development
is continuing further on the refinement of VLSI imple-
mentation of the G.723.1 audio coding.

Fig. 5 Lavont patterns.
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