
Audio transcoding, especially for voice, is  
a critical but often overlooked function in  
telecom applications such as session border 
controllers, media gateways and media  
servers, or media resource appliances. It is the 
essential technology behind conference call 
applications such as Zoom, Microsoft Teams  
and countless other voice-over-IP applications.

There are well-established standards for audio 
codecs such as EVRC, OPUS, SILK and the  
newer EVS codec, ensuring interoperability and 
simplifying system design.

Transcoding multiple channels in real time at  
high densities is a computationally intensive  
task, which is performed most efficiently using 
specialty processing, such as digital signal 
processors (DSPs) or ASICs, rather than relying 
on the server processors alone.

The conventional solution is to add more 
processing power through more servers, which 
not only takes up space and adds provisioning 
issues, but also increases both capital and 
operating costs for the operator. An alternative 
approach is to use a PCI Express add-in card with 
DSPs and software-definable transcode capability 
to offload from the main processor and greatly 

increase the total transcode availability within  
the server. This not only avoids the expense of a 
server ‘rip-and-replace’, but also conserves space 
as the increased capacity still takes up the same 
amount of space in the rack. 

SMART Embedded Computing estimates that 
using a PCIE-8130 add-in acceleration card offers 
up to 4X improvement in cost-per-channel 
transcode, depending on specific configurations 
and applications, and up to a 10X reduction in 
watts-per-channel transcode. All common 
standards-based audio codecs can be accessed 
through a simple API interface to a sophisticated 
network-proven software framework, providing 
transcode, signaling and call management 
functionality. In addition, the software-definable 
nature allows future codec developments to  
be realized on the same hardware. This  
greatly reduces development and maintenance 
costs, allowing for a dramatic acceleration in 
time-to-market.
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Highlights

 � Deploy audio transcoding 
quickly and cost-effectively 
using power-efficient DSPs

 � PCI Express add-in 
acceleration cards simplify 
integration, upgrades and 
scalability 

 � Upgrade existing servers 

 � Add performance in the 
same space footprint

 � Lower total cost of 
ownership



Introducing the PCIE-8130
Using a plug-in PCIe accelerator card offers an elegant way to offload the 
voice processing function from the server host. This keeps the function 
internal to the network element and avoids the loss of central processing 
resource that would otherwise be required to run a fully software solution. 

The PCIE-8130 from SMART Embedded Computing is a PCI Express media 
processing card that offers high performance voice transcoding based on 
digital signal processing (DSP) technology. Each board features an array of 
low power DSP devices running a network-proven, optimized software 
framework providing transcode, signaling and call management functionality. 
Application developers interact with the board via a simple object-oriented 
application programming interface (API). 

The transcoding performance scales linearly according to the number 
 of DSPs that are fitted: a half-length PCIe card variant offers options for  
4 or 6 DSPs; while the full-length PCIe card variant features up 12 DSPs.  
Even with four DSPs consuming less than 60W of power, the PCIE-8130 
delivers a voice transcoding performance comparable to a typical server 
consuming 300W or more, estimated at over 5,000 channels of G.711 20ms  
to AMR transcoding.

Channel Density
The 12 DSP full-length variant transcoding channel capacity estimates:

AMR (20ms) EVRC-A OPUS 8K EVS (20ms)  
9.6 kbps

G.711 (20ms) 15,444 7,632 6,240 1,200

EVS Codec
Voice-over-LTE (VoLTE) and Voice-over 5G (Vo5G) 

services rely on voice transcoding using codecs 

such as FR/EFR, AMR, EVRC and EVS. The Enhanced 

Voice Services (EVS) codec is an audio codec 

developed by 3GPP. 

It offers high-quality HD voice while using less 

bandwidth and capacity. It’s advanced inherent error 

correction and recovery extends radio network 

coverage, and improves network resilience. 

The robustness of the EVS codec over previous 

generation codecs can help lower the cost of radio 

access network (RAN) infrastructure through 

enhanced error detection and correction.

Reduce your  
server footprint 

and power usage  
by up to 50%To learn more about SMART Embedded 

Computing PCI Express add-in cards  
for voice transcoding, visit  
www.smartembedded.com/transcoding.



Example Application
The following example illustrates the value of using acceleration:
Consider a packet processing application for EVS to AMR transcode. 

• A high specification server based on dual Intel® Xeon® processors could 
support a maximum of 1,500 concurrent channels (sometimes referred to 
as sessions, streams or ports).

• A single PCIE-8130 plug in card (with 12 DSPs) could support 1,100  
concurrent channels

Using a commercial Host Media Processing solution requires approximately 
50% of a dual Intel Xeon server capacity for 750 transcode channels.  
As a consequence, adding this capability reduces the available processing  
power for the original application by 50%. The resulting solution is now  
only a 750 channel processing device. To get back to the 1,500 channel 
capacity, a customer must buy two units, so power consumption and rack 
space is doubled. 

The alternative is to add a SMART Embedded Computing PCIE-8130  
accelerator card. This takes care of the processing-intensive workload, thus 
maintaining the original full capability of the Intel server for call management 
and application performance. In fact, compared to a host media processing 
solution that (depending on the codec) is limited to approximately 750 
channels per server, a single PCIE-8130 is capable of transcoding over 1,100 
bidirectional audio channels in hardware, and multiple boards can be fitted to  
a single server. 

Within the same software package, the PCIE-8130 also offers a full suite of 
audio processing capability including a wide range of codecs, tone detection, 
voice conferencing, echo cancellation, announcements, and relay functions to 
further offload the server CPU(s).

Using an add-in PCI Express card also has benefits to operating costs as  
the power consumption of a 12-DSP full-length PCIE-8130 is about 100 watts 
compared to the 700 watts consumed by a typical dual-processor server.

Reduce your  
server footprint 

and power usage  
by up to 50%

Border Gateway
Candidate for Vo5G
Transcoding Upgrade

Add Host Media Processing
750 Voice Channels Maximum

OCCUPIES 50% OF SERVER CPU

Add PCI Express Accelerator Card
Over 1,100 Transcoded Voice Channels (AMR<>EVS)

DEDICATED DSP OFFLOAD HARDWARE

Border Gateway with 750 Channels of Voice,
But Only Half Original CPU Availability

NEW PROCESSING CAPACITY = 50%
+ 750 VOICE CHANNELS

NEW PROCESSING CAPACITY = 100% + 
> 1,100 VOICE CHANNELS

Border Gateway with > 1,100 Channels of Voice

Dual Socket
Processing Capacity = 100%
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PCIE-8130 Capability 
 
TRANSPORT AND ENDPOINT  
SUPPORT 

Voice and video over IP endpoints  
RTP/UDP/IP endpoint 
• Virtual Host (ICMP/ARP) IPv4 
• Virtual Host IPv6 
• Adaptive jitter buffer 
• RTCP 

Telephony signalling protocols
• Announcement Playback
• Caller ID Generation
• Conferencing
• Tone Detection
• Tone Generation
• Tone Removal
• Tone Relay

Line echo cancellation and voice  
quality enhancements
• G.168 (2004) compliant line echo  

cancellation, up to 128ms tail
• Acoustic Echo Cancellation  
• Adaptive Noise Reduction  
• Automatic Level Control
• High Level Compensation
• Natural Listener Enhancement

Endpoint statistics
• RTP/UDP/IP per channel and per port  

packets and errors 
• Per channel/port states, terminations  

used, media stream events 

HARDWARE ACCELERATED  
CODEC SUPPORT 
• G.711, G.723.1, G.726, G.729AB, G.722, 

G.722.1 
• Opus, SILK, iLBC 
• EVRC –A/-B/-D/-E 
• AMR, AMR-WB, GSM-FR, EFR, EVS 
• T.38

PCIE-8130 12 DSP 
Full Length Variant 

PCIE-8130 6 DSP 
Half-length Variant


